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(ABSTRACT) 

A human factors experiment was conducted to determine the effects of warning 

sound type, speaker location, and age on the ability to localize the direction of warning 

sounds in a passenger vehicle. The purpose of these warning sounds is to alert a driver of 

potential roadway hazards detected by an in-vehicle crash avoidance warning device. 

Auditory localization of the warning sound was investigated as a means of indicating 

hazard locations relative to the vehicle. Four dependent variables were measured— 

response time, decision time, accuracy, and azimuth—to assess the speed and accuracy of 

localizing six different warning sounds from each of sixteen speaker locations. The six 

warnings were found to be appropriate for crash avoidance warning applications through 

a previous study. The localization task was performed in the passenger compartment of a 

stationary 1995 Ford Taurus sedan. Subjects input their responses through a joystick. 

The results of the study suggest that the implementation of localized auditory crash 

avoidance warnings could be beneficial in the timely identification of hazard locations in 

the vehicle environment. People can quickly localize the general direction of warning 

sounds (= 1 s to 1.5 s); however, localization effectiveness depends on the proper choice 

of warning sound and speaker location. Otherwise, potentially serious problems can 

occur if poor choices are made. The study was successful in identifying sounds and 

speaker locations that performed best and provides recommendations for speaker 

placement for each of six potential hazard directions for the vehicle tested.
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INTRODUCTION 

The objective of Intelligent Transportation Systems (ITS) is to provide a more 

effective and safer means of traversing current highway and transportation networks. The 

result will be a system that provides intelligent real-time links between vehicles and road- 

ways through integration of state-of-the-art in-vehicle control systems and advanced infor- 

mation processing and communications. ITS promises to more effectively utilize current 

roadway networks and to promote safety by redirecting traffic more effectively to reduce 

congestion, helping motorists plan and follow optimal routes, creating a more accessible 

and reliable public transportation system, and by concentrating on accident avoidance 

strategies rather than minimizing the consequences of accidents (Shuman, 1993). 

Current research efforts in ITS focus on the sub-systems that will be used in mak- 

ing the transition from today's vehicles to intelligent autonomous vehicles, and later in the 

integration of these vehicles into the ITS infrastructure. These technologies include Ad- 

vanced Traffic Management Systems (ATMS), Advanced Traveler Information Systems 

(ATIS), and Advanced Vehicle Control Systems (AVCS). This research considered 

AVCS and focused on the application of auditory warning localization as a cue to hazard 

direction for in-vehicle collision avoidance systems. 

COLLISION AVOIDANCE SYSTEMS 

Using a combination of sensors that monitor vehicle dynamics while scanning for 

potential hazards in the roadway, collision avoidance systems (CAS) will provide the 

driver with advanced warning of potential crash situations allowing the driver to take 

immediate preventive action. The CAS design can incorporate several devices that 

monitor for particular hazards including, head-way distance monitors, forward obstacle 

detection monitors, back-up aids, blind-spot monitors, and vehicle-lane position monitors, 

as well as devices meant specifically to observe vehicle and roadway characteristics, such 

as impending roll-over detectors or roadway traction monitors (Najm, 1994).



CAS USER-INTERFACES 

Although there are several alternatives for information portrayal, including 

auditory, visual, and tactile displays, this research focused on auditory displays only. In 

addition, while many different types of information can be portrayed through the auditory 

channel for collision avoidance purposes, only imminent crash warning information was 

examined. Specifically, the intent is a warning indicating to the driver that an immediate 

action must be taken in order to avoid a crash, as opposed to a cautionary warning. 

The user-interface for these devices must be able to effectively inform the driver 

of the type of hazard detected and of its general location if not readily apparent. 

Providing a unique auditory warning and a redundant visual display for each device may 

be an adequate user-interface if only two types of CAS devices are installed in a vehicle, 

since the possible confusion between two distinct auditory warning signals may be 

acceptably low (Cooper, 1977; Patterson, 1982). In addition, an integrated visual display 

can easily provide this distinction for more than two devices (Sorkin, 1987). However, 

when more than two CAS devices are present, it becomes difficult to provide a unique 

auditory warning for each device that can be immediately identified by the driver. 

Furthermore, considering the number of potential warning devices available for a 

particular vehicle and the possible combinations of such devices, it would be quite 

impossible to create a unique auditory warning for each warning device while maintaining 

the effectiveness of the CAS system as a whole, especially if warnings are rarely triggered 

over time (Patterson and Milroy, 1980). 

Due to these requirements and concerns, it has been recommended in preliminary 

human factors guidelines for CAS devices (Kotwal and Lerner, 1993) that there be a 

single unique auditory warning that can unambiguously convey or suggest the meaning of 

“crash warning” whenever any CAS device is triggered. Since such a recommendation 

essentially eliminates the identification of the activated device through warning sound 

characteristics alone, additional measures to compensate for this ambiguity must be



considered so that the visual display is not relied upon for device identification; the visual 

modality is already heavily utilized in the driving environment. 

One of the suggestions provided by Kotwal and Lerner (1993) is to present an 

auditory warning in such a way that its apparent source location is consistent with the 

direction of the detected hazard. That is, the warning sound should appear to emanate 

from a position in the vehicle which is closest to the location of the hazard or crash 

situation which triggered the warning. For non-directional hazards, it is recommended 

that the warning be presented in such a way that the driver's attention is directed to the 

driver's line of sight of the roadway ahead or toward a visual display that specifies the 

nature of the hazard. 

Natural aural directional cueing of this type in the vehicle environment has the 

potential to relieve the demands placed on the visual modality required to process and 

extract meaning from visual formats and also to reduce display clutter (Calhoun, Janson, 

and Valencia, 1988). Intuitively directing the driver's attention toward the hazard itself 

should also provide faster identification and response time to a hazard, given that 

identification of the triggered device and direction is inherently embedded within correct 

localization of the warning sound. 

RESEARCH OBJECTIVES 

This research was an initial effort aimed at examining the use of auditory 

localization as a means of expediting driver identification of the hazards detected by an 

integrated in-vehicle crash avoidance warning system using a single unique master 

warning. Although many studies have investigated the application of simulated three- 

dimensional auditory displays for flight deck applications using headphones or earmuffs 

(Calhoun, Valencia, and Furness, 1987; Calhoun et al., 1988; Doll, Gerth, Engleman, 

and Folds, 1986), the efficacy of auditory warning localization in improving hazard



recognition times in the passenger vehicle environment has only recently begun to be 

investigated. This research focused on providing some answers to four basic questions: 

e Can auditory warnings be rapidly and accurately localized in a passenger vehicle 
environment? 

e What type of warning sound is best for localization in the vehicle? 

e Where should the speakers be located in the vehicle? 

e What speaker combinations could be activated in order to localize warning signals 

from appropriate directions around the driver? 

The scope of this study included determining how well six alternative warning 

signals can be localized in a vehicle environment. These six warnings were found to be 

potential candidates for collision avoidance warnings from a prior study (Tan and Lerner, 

1993). Although distance or time proximity information to a hazard can be embedded in 

auditory warning signals by manipulating such characteristics as frequency and repetition 

rate of the auditory warning (Deatherage, 1972; Pizarro, 1994), each of these six 

warnings were presented in a fashion synonymous with an "imminent crash” warning 

(i.e., the fastest repetition rate, continuous tone, highest frequency, etc.). A detailed 

discussion of stimulus characteristics is included in the Experiment section. 

Speed and accuracy of localization were the primary measures of performance in 

this study. Specifically, the ability of each warning signal to rapidly indicate the direction 

of a hazard was assessed on the basis of speaker location and driver age using quantitative 

measures.



HUMAN AUDITION 

ANATOMY OF THE EAR 

The human ear is comprised of the outer, middle, and inner ears. An 

illustration of the anatomy of the ear appears in Figure 1. In brief, the combined 

functionality of these three components effectively converts airborne acoustical waves 

into structural vibrations that cause fluid movement. Movement of hair cells within the 

fluid that are connected to nerve endings, in turn, generate neural impulses that are 

interpreted by the neural system as sound. A more detailed discussion of the 

functionality of each of these three components is presented below. 

Outer Ear 

The outer ear consists of the pinna, commonly referred to as “the ear”, the 

auditory or ear canal, and the tympanic membrane, also known as the eardrum. The 

pinna acts as a funnel for sound and its shape provides amplification and attenuation of 

certain sound frequencies. Since the shape of the pinna is different for each person, the 

resulting amplification and attenuation is unique for each person. The auditory canal 

also helps shape the sound before reaching the eardrum. Its shape and dimensions, as 

well as the acoustical imprint created by the pinna, cause resonance in the frequency 

range of 2000 to 4000 Hz. This results in a 10-15 dB amplification of frequencies in 

this range—an inherent increase in sensitivity of the human ear to this frequency range 

(Ward, 1986). 

Middle Ear 

The function of the middle ear is to transmit airborne pressure oscillations from 

the outer ear to fluid motion in the inner ear. The middle and inner ears are protected 

from foreign particles by the tympanic membrane or eardrum. However, the primary 

purpose of the eardrum is to vibrate in response to the incoming sound wave and to
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Figure I. Anatomy of the human ear (from Ward, 1986).



transfer this sound energy into mechanical energy. This is accomplished by three small 

bones—the malleus, incus and stapes. The three bones, or ossicles, interact to transfer 

the mechanical energy originating from the eardrum to the oval window at the inner 

ear, where fluid resides just on the other side. The middle ear also effectively increases 

the energy of the sound by approximately 17 times at the oval window, compared to if 

the sound wave had interacted directly with the oval window. This is accomplished 

through mechanical advantage of the ossicles and because of the large surface area of 

the eardrum compared to the oval window (i.e., a difference in impedance values). 

Protection against loud sounds (above about 80 dB SPL) is accomplished by two 

muscles within the middle ear that are attached to the malleus and stapes. These 

muscles stiffen the movement of the ossicles, thereby attenuating the transmission of 

energy to the oval window. The muscles have little effect on impulsive sounds, such as 

gunfire, due to a full muscle contraction time of approximately 1/10 of a second, and 

are largely ineffective to frequencies above 500 Hz. A 2-3 second relaxation time of 

the muscles, however, offers some protection against impulsive sounds occurring in 

succession (Ward, 1986). 

Inner Ear. 

The inner ear converts the action of the stapes on the oval window into fluid 

motion within the cochlea, a coiled structure resembling a snail’s shell. Running the 

length of the interior of the cochlea are three membranes, the most notable of which is 

the basilar membrane where hair cells rest. Fluid motion acting upon the membranes 

cause a shearing force to be developed with respect to the basilar membrane. The 

forces bend the hairs of the hair cells resulting in neural impulses being generated by 

the nerve endings at the cells. These impulses are then transmitted to the neural system 

leading to the perception of sound (Ward, 1986).



HEARING LOSS 

Conductive Hearing Loss. 

The loss of transferred sound energy between the inner ear and the outer and 

middle ears, as a result of abnormal or malfunctioning outer and middle ears, is termed 

conductive hearing loss. Factors that can cause this type of hearing loss include a 

build-up of ear wax, a ruptured or scarred eardrum, fluid in the middle ear, 

displacement or missing ossicles, and abnormal bone growths in the middle ear. 

Occupational related hearing losses are not as common; however, damage to the outer 

and middle ears could also be the result of blows to the head, explosions, and foreign 

objects penetrating the eardrum. Since conductive hearing loss is generally reversible 

through medical or surgical means, it is not as serious as other forms of hearing loss 

(Ward, 1986). 

Sensorineural Hearing Loss 

Damage to the sensory or neural functions of the inner ear is termed 

sensorineural hearing loss. Because this type of hearing loss is irreversible, it is much 

more serious than conductive hearing loss. It is primarily caused by noise in the 

environment and has a cumulative effect with respect to damaging or sustained noise 

exposure levels. Severe trauma due to explosions, for example, can result in damaged 

or torn hair cells, detachment of membranes within the cochlea, and ruptures causing 

intermixture of fluids and the poisoning of hair cells (Ward, 1986). 

Possible causes of sensorineural hearing loss include presbycusis, a loss caused 

by the normal aging process, noise-induced hearing loss, which distinguishes between 

occupational and sociacusis, or everyday hearing loss, and nosoacusis, which is 

attributable to all other causes (Ward, 1986).



SOUND LOCALIZATION 

Fundamental to an understanding of how sound is spatially located is the 

distinction between the two possible perceptions of “localized” sound. The spatial 

perception of a sound’s location that is external to a listeners head is termed localization 

while perception of a sound’s location that is internal to a listener’s head is called 

lateralization. Localization occurs when sound is heard naturally with the two ears, while 

lateralization occurs when headphones are used to present sound to the two ears. The 

results of localization and lateralization are a sound whose perceived spatial location is at 

a specific distance and azimuth from the listener’s head, and of a sound whose perceived 

location is somewhere along the bilateral hearing axis of the two ears within the head, 

respectively. Although research has shown that lateralization of sound can be 

externalized using visual cues and through the use of head-related transfer functions 

which simulate listening without headphones, these two categories and definitions hold 

true in almost all cases. 

The following review concentrates on /ocalization of sound as applicable to the 

vehicle environment. This strategy provides adequate understanding of the capabilities 

and limitations of human localization for experimental design and interpretation of results, 

while maintaining the appropriate scope of the study. Reference to lateralization of sound 

is made where relevant; however, in most cases, results from experiments in 

lateralization, although useful in understanding localization through the ability to 

independently manipulate localization cues to each ear, have not or cannot be verified 

without the use of headphones and are, therefore, only briefly discussed here. As such, 

results of lateralization studies are most useful for the design of simulated localization 

cues using headphones and in the understanding of localization, but are not very useful in 

understanding localization in realistic listening environments. 

Experiments on localization must also be distinguished on the basis of the 

environments in which they were conducted. Most of the localization experiments that



provide key evidence to support the theorized mechanisms through which we localize 

sound have been conducted in an anechoic environment. This is necessary in order to 

isolate and study the binaural and monaural cues that allow localization, without the 

influence of reflected sound from reverberant or enclosed spaces. Experiments conducted 

in environments where secondary and higher order sound fronts exist, due to reflected 

sound, are seldom conducted because of the difficulty in isolating factors of interest. 

However, in situations such as this, an additional mechanism of localization—the 

“precedence effect”—comes into play. As a result, this effect is discussed separately 

from the discussion of binaural and monaural cues. The effects of hearing loss on 

localization are also discussed, followed by a discussion on the ability of auditory 

localization to be used as a directional cue. 

LOCALIZATION 

Localization of sound is accomplished through binaural and monaural cues. As 

their names imply, binaural cues are attained from the analysis of input from both ears, 

while monaural cues are attained from each of the ears independently. Either set of cues 

can provide adequate information for sound localization; however, the combination of 

both types of cues provides significantly faster and more accurate azimuth and elevation 

localization of sound (Oldfield and Parker, 1986). Consequently, even people with severe 

hearing impairment in one ear can localize sounds effectively with only monaural cues 

(Blauert, 1983). Furthermore, each set of cues can provide unique improvements in 

localization of sources in various locations around the listener's head based on the sound 

characteristics of the stimulus. The following section discusses the binaural cues in 

detail. A discussion of monaural cues and additional mechanisms that are used for 

localization then follows. As referred to throughout this paper, azimuth is defined as the 

angle given by the sound source or perceived sound source, the center of the listener’s 

head, and the mid-sagittal plane (the vertical plane that divides the body between left and 

right sides); it is the angle in the horizontal dimension or horizontal plane. 
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Binaural Cues 

There are two cues that can only be attained through analysis of the wave fronts at 

both ears (i.e., the initial sound wave incident at each ear that originated at the sound 

source); these two cues are an interaural time difference, and an interaural amplitude 

difference. 

Interaural Time Differences. Interaural time differences (ITDs) occur when the 

wavefront of the acoustic stimulus reaches each ear at a slightly different time. Based on 

this time difference in sound incidence at each ear, the auditory system is capable of 

disseminating the azimuth direction of the sound source. A simplified representation of 

the difference in distance traveled for a sound source to reach each ear is shown in 

Figure 2. 

There have been several equations derived for calculating the ITD. They range 

from simplified equations that exclude the shape of the head, to more involved equations 

that take into account for head curvature and distance from the head. The following 

equation can be used to determine the difference in path length required for a sound to 

reach both ears when the paths taken to each ear are roughly parallel (i.e., the source is 

not near the head) and the distance between the ears is known (Blauert, 1983): 

As == (9 +sing) (1) 

where: 

—
 . As is the difference in path length of the two sound waves 

2. Dis the distance between the ears 

3. gis the angle (measured in radians) formed between the mid-sagittal plane and 

the line between the center of the head and the sound source. 
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      \ —— —— Binaural axis 

Figure 2. Illustration of the differences in sound path distances to each ear for sound 

sources, and an example where two sound source positions, P and Q, create ambiguous 

interaural differences (from Gulick, Gesheider, and Frisina, 1989). 
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For sound sources that are within 1 m of the head (i.e., sound reaches both ears by 

indirect paths), the difference in path lengths (binaural distance difference) can be derived 

with the following formula (Gulick, Gescheider, Frisina, 1989): 

As=D-9 (2) 

The following equation then gives the interaural time difference for both of the equations: 

Ar = 3S (3) 
c 

where: 

1. At is the interaural time difference in seconds 

2. cis the speed of sound (343 m/s) 

These two formulas provide a good approximation for high-frequency and broad 

band sounds. A third more complicated formula (not shown here) provided by Blauert 

(1983) calculates the binaural distance difference when the sound reaches one ear by a 

direct path and the other ear by an indirect path. For low frequency sounds the following 

equation, based on diffraction theory, has been recommended to calculate the binaural 

distance difference (Durlach and Colburn, 1978; cited in Doll et al., 1986): 

N
I
d
&
 

As   = 4 
3sing 

Kuhn (1977) cited in Middlebrooks and Green (1991), however, made actual acoustical 

measurements of [TDs on a mannequin, and found that at frequencies above 2,000 Hz, 

equation (1) provides a reasonably good estimate of the difference in path lengths. 
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However, at lower frequencies, below 500 Hz, he showed that the measured values are 

larger than those predicted by the equation by a factor of 1.5. 

Figure 3 illustrates the varying degrees of ITDs exhibited by different stimulus 

frequencies. The lower and upper dotted lines represent the curves derived using the 

binaural distance equation (1) and equation (4), respectively. The graph illustrates that 

the equations approximate actual measurements of ITDs using various sounds fairly well. 

As shown, lower frequencies tend to have larger ITDs than higher frequencies. This is 

due to the sound shadow of the head, and the ability of the lower frequencies to bend 

around the head. Also apparent is the fact that the ITD is zero when the sound source is 

positioned directly in front of (0°) or directly behind the subject's head (180°) and 

increases to a maximum as the sound source is moved towards each of the ears (90°). 

In addition, for any given ITD there are always two possible locations of the 

stimulus—one behind and one in front of the subject’s head. These positions are depicted 

in Figure 2 as sound sources P and Q. These mirror images cause ambiguities in the 

positions of the two stimuli due to equal ITD cues for both sound sources. These 

ambiguities also cause similar problems with the IADs created by the two sound sources, 

which is discussed in a later section. 

Interaural Phase Difference. The interaural phase difference is an extension of 

the ITD principle, and is considered by many texts as the same binaural temporal cue. 

The ITD is sometimes called an interaural phase difference (IPD), since a wavefront of 

specific frequency that has to travel a different distance to one ear will be slightly out of 

phase with the wavefront at the other ear because it is arriving at a slightly different time; 

An IPD like an ITD, of course, will also not exist for a sound source that is in the mid- 

sagittal or median plane. The importance of the IPD is that the 77D can be partially 

understood in terms of the phase differences at the left and right ears. Since a constant 

IPD creates a different ITD depending on frequency, an understanding of why ITD 

performance is better for lower frequencies than for higher frequencies can be better 

understood. 
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Figure 3. Varying degrees of interaural time differences for varying frequencies (adapted 

from Durlach and Colburn, 1978; cited in Doll et al., 1986). 
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As shown in Figure 3, the frequency of the stimulus influences the ITD, due 

primarily by the shadow of the head. As a result, frequency is also directly related to the 

IPD. For example, assuming that the maximum achievable ITD for high-frequency and 

broad-band sounds is approximately 0.6 ms (Refer to Figure 3), this maximum ITD then 

corresponds to the period of a 1666 Hz sinusoid. If the sound source for this sinusoid 

was then placed opposite the right ear so that the maximum time difference between the 

two ears is also 0.6 ms, then the sound waves reaching each ear will be exactly in phase. 

Therefore, except for the initial ITD cue of when the sound wave reached each ear, the 

remaining waveforms are identical in phase and therefore provide ambiguous IPD cues 

(See Figure 4). The ambiguous IPD cues will then cause the sound to be perceived as 

originating from the median plane instead of from the right. This ambiguity will not exist 

for frequencies less than 1666 Hz, but does occur for those of 1666 Hz or higher (Yost 

and Nielsen, 1988). 

The previous example demonstrates the fact that the human ear is more sensitive 

to phase differences of lower frequency sound than to higher frequencies. The 1666 Hz 

sinusoid, however, was used solely as an example given an ITD of 0.6 ms. Given that 

the maximum interaural time delay for an average human is around 0.7 ms (Middlebrooks 

and Green, 1991), this corresponds to a period of a 1400 Hz tone which is consistent with 

the early research findings that support the duplex theory (discussed in a later section). 

IPDs, on the other hand, have been shown to operate with high frequencies where 

an IPD is created by the envelop of a complex sound of high frequency, as illustrated in 

Figure 5(b). In this figure, the envelop created by the amplitude-modulation of a 3900 

Hz tone leads in phase by a temporal difference of 100 usec. This is compared to an IPD 

temporal difference of 100 usec for a 300 Hz sinusoid as illustrated in Figure 5(a) (Gulick 

et al., 1989). 

Interaural Amplitude Difference. Ynteraural amplitude differences ([ADs) are the 

sound pressure differences that are exhibited at the two ears based on the frequency and 
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direction of the sound source. It is primarily influenced by the head shadow and varies 

with frequency; as frequency increases the IAD also increases. 

Figure 6 shows how frequency influences the IAD at various azimuth locations 

from 0° to 180°. In this figure, it can be shown that at 0°, the IAD is near zero, while a 

maximum is usually attained between 60° and about 130° (i.e., an approximate mirror 

imaging range). Relatively smaller [ADs (< 7-8 dB) across the azimuth range can be 

seen at all azimuth directions for frequencies below 1000 Hz. However, about a 10 dB 

difference in IAD is evident at various angles of incident for frequencies of 1800 Hz and 

greater, and as much of a 20 dB IAD is evident in the 5000-6000 range. Middlebrooks, 

Makous, and Green (1989) found that at high frequencies, the shadow of the head can 

cause IADs as high as 35 dB between the two ears. Also evident is that the rate of change 

in IAD is greatest near 0° azimuth, and flattens out as the sound source moves towards 

the side of the head (i.e., 90°). This rate of change near 0° azimuth has implications in 

regards to head movements and is discussed in a later section. 

The Duplex Theory 

The combined influence of these cues on the localization of different frequencies 

of sound is commonly referred to as the “duplex” theory of sound localization, which was 

first verified experimentally near the end of the 19th century by Raleigh (1907), cited in 

Middlebrooks and Green (1991). 

Raleigh (1907) showed that the sound shadow of the head caused an IAD between 

the two ears when a sound was presented from the side. However, it was calculated that 

at frequencies below approximately 1000 Hz, this difference would be negligible since the 

wavelength of the sound would then be several times larger than the head. As a result, 

attention was also given to the ITD for lower frequencies. Through experimentation, it 

was found that an upper limit of approximately 770 Hz was the point at which the 

sensitivity to ITDs began to drop sharply. As a result, the understanding that information 

used for localizing a sound source is derived at high 
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frequencies by IADs and at low frequencies by ITDs is often referred to as the “duplex” 

theory (Middlebrooks and Green, 1991). 

In support of the duplex theory, Sandel, Teas, Feddersen, and Jeffress (1955), 

cited in Middlebrooks and Green (1991), showed that when the location of a broad-band 

sound was matched to an apparent location of a sinusoid, performance was worst for 

sinusoids around 1500-3000 Hz. Stevens and Newman (1936) also showed that 

deviations in localization accuracy peaked at around 3000 Hz, but improved at higher and 

lower frequencies. These results support the theory that a transition between ITD and 

IAD cues occurs between 1500 and 3000 Hz, and therefore, neither is very effective in 

this middle region. However, ITDs and [ADs operate below and above this range, 

respectively. 

Mills (1972), cited in Yost and Nielsen (1988), also showed a similar performance 

in localization by plotting the minimum audible angles (MAA) for two loudspeakers 

placed at various azimuths presenting different frequencies—the MAA is defined as the 

smallest angular separation that can be detected between two sound sources. Their plot, 

shown in Figure 7, illustrates two important findings. First, the MAA was small at lower 

and higher frequencies, but was largest for the middle frequencies, as well as for very 

high frequencies. This is consistent with the duplex theory, where a transition is assumed 

to be operating in the middle frequencies. At very high frequencies (>6000 Hz), IADs 

cease to provide an adequate cue. This is due to the physical IADs being larger than the 

interaural amplitude just-noticeable differences distinguishable by a listener at these high 

frequencies. The second finding indicated that as the sound source was moved away from 

the median plane, the MAA increased at a faster rate as the stimulus was moved toward 

the side of the head (i.e., 90°). This latter finding indicates that head movements toward 

a sound stimulus can improve localization accuracy substantially. 

Wightman and Kistler (1992) have shown the effects of both ITDs and IADs on 

the ability to localize low frequency stimuli. In their study, stimuli were processed such 
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that the ITD cues signified an opposite stimulus direction than the [AD and pinna cues. 

The results suggested that ITD cues were the dominant cues, since the stimulus was 

almost always determined to be on the side coded by the ITD. However, when the low 

frequency components were removed from the stimuli, the ITD dominance disappeared, 

and the apparent direction of the stimuli switched directions. Consequently, low 

frequency sounds allow ITD cues to be used more effectively. 

It had been known that the duplex theory has limitations and does not hold true 

under some localization conditions, but due to insufficient evidence to support other 

mechanisms of localization until the late 1960s, the theory served as the primary basis for 

localization. Although the role of the pinna had long been suspect as a strong influence to 

the localization process, in-depth investigations of pinna cues and other monaural cues 

were only begun in the 1960s as more sophisticated equipment for stimulus presentation 

and control became available. 

Batteau, Plante, Spencer, and Lyle (1965), cited in Doll et al. (1986), were one of 

the first to demonstrate the role of the pinna in localization while at the same time 

showing that localization is possible through the use of headphones. In their experiment, 

two microphones were separated by a bar to simulate the distance between the ears. 

Subjects sat in a separate room from the one where the microphones were placed and 

listened to the signals recorded by the microphones through headphones. Signals were 

then presented at different azimuth locations around the microphone array. The results 

indicated that subjects were much more accurate in localizing the sound when artificial 

pinna were attached to the microphones. Another important finding from this experiment 

was that subjects indicated that the stimulus was located at some distance outside of the 

head when the artificial pinna were used, which indicated that localization is possible with 

the use of headphones. 

As a consequence of these and subsequent studies, the duplex theory still serves as 

a basic model of the method through which localization occurs, but monaural cues (i.e., 
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due to effects of the pinna, ear canal, head, torso, and shoulder) are now considered key 

components of the localization process. 

Monaural Cues 

The limitations of the duplex theory, specifically with respect to the lack of an 

explanation of how we localize in the median plane or how elevation of the source is 

determined, resulted in more recent research on the pinna and the monaural cues it 

creates. As discussed previously, it has been known for some time that the shaping of the 

sound from each ear by the pinna played a role in localization; however, past technology 

limited extensive study of monaural cues. As a result, most of the preliminary research 

on auditory localization was conducted using headphones which inhibited the study of the 

monaural cues created by the pinna. 

Monaural cues have begun to be investigated more thoroughly as the need to 

simulate auditory localization accurately in applications using headphones becomes 

increasing popular. However, the relation between what is learned from these 

experiments and what is heard in natural environments is still difficult to establish. 

Highlights of what is known about monaural cues, with respect to localization in the 

horizontal plane, is discussed in this section. 

Monaural cues influence the way sound is localized in the vertical plane, help 

resolve front-to-back stimulus location in the median vertical plane (Hebrank and Wright, 

1974; Butler and Belendiuk, 1977, Oldfield and Parker, 1984), and provide information 

to determine the correct mirror image location about the head. These cues, provided by 

resonance, reflection, and defraction of sound from the pinna, head, shoulders, and torso, 

enable these discriminations to be made. These anatomical features produce direction- 

dependent changes in the spectrum of the sound reaching the eardrum which form the 

basis for monaural cues (Doll et al., 1986). For this review, monaural cues provided by 

the pinna and their corresponding locations around the head are discussed, while changes 
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in the spectrum attributable to the shoulders and torso are assumed to have already 

imparted a direction-dependent imprint on the spectrum at the pinna. 

An important requirement for monaural cues to be used for localization is a-priori 

information about the spectrum of the sound source. This is necessary since the 

anatomical features of the body, mentioned above, produce direction-dependent changes 

in the spectrum of the sound for each locus of the sound source around the head. As a 

result, a sound whose spectrum varies between presentations or is unfamiliar to a listener 

will not provide adequate monaural cues for localization. A-priori information can be 

attained through repeated presentations of the sound source during an experiment (Stevens 

and Newman, 1936) or through pre-experiment knowledge of the sound source (Doll et 

al., 1986) 

In the median plane, the orientation of the pinnae also cast a sound shadow for 

higher frequency sounds originating from the rear position (1.e., 180°), which influences 

the sound spectrum. When a listener is allowed to compare the spectral changes of the 

sound between the front and back positions, the correct location of the sound can then be 

resolved (Stevens and Newman, 1936). In other locations in the horizontal plane, the 

pinnae provide direction-dependent changes in the spectrum of the sound that allow 

location of the sound source. Fisher and Freedman (1968) tested localization 

performance of a pulsed white-noise source with normal pinnae, no pinnae, and with 

artificial pinnae, and showed that when head movement was restricted, errors were 

significantly worse for the no pinna condition (Middlebrooks and Green, 1991). 

Studies have shown that localization is possible with only one ear, indicating that 

monaural cues do operate; however, performance is much better with two ears. 

Furthermore, it appears that binaural cues are most effective for localization in the 

horizontal plane, while monaural cues help predominately in resolving the elevation of a 

sound. 

Oldfield and Parker (1986) found that when localizing a white-noise source, the 

absolute error in elevation was only slightly greater in the monaural condition than in the 
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binaural condition—12° and 9°, respectively. However, for localization in the horizontal 

plane, relative errors in the monaural and binaural conditions were between 30° to 40° 

and 5° to 10°, respectively. The findings suggest that binaural cues are of primary 

importance when localizing sound in the horizontal plane, and that monaural cues may be 

useful in resolving ambiguities in sound source elevation. 

The pinnae have also been shown to provide useful monaural cues only in certain 

frequencies bands. Musicant and Butler (1984), cited in Doll et al. (1986), found that the 

pinnae tend to provide effective cues for frequencies of 4,000 Hz and greater, and that in 

the 1,000 to 4000 Hz range monaural cues produced by the head, shoulders, and torso 

appear to be of most significance. This was noted by the number of front-to-back 

reversals exhibited for certain bandwidths of white-noise using both occluded and 

unoccluded pinnae. 

The direction-dependent spectral changes that occur to a stimulus as its position is 

varied about the head can be measured and integrated to develop head related transfer 

functions (HRTFs). These HRTFs enable the monaural cues to be adequately synthesized 

through headphones or earmuffs (Wightman and Kistler, 1988). The end-product of the 

incorporation of HRTFs with binaural cues is sometimes called simulated auditory 

localization (SAL), instead of lateralization where monaural cues are absent. Using 

HRTFs, externalizing the sound source position from the head (i.e., localization) can 

been achieved using headphones. 

The “Precedence Effect” 

The precedence effect operates in enclosed spaces when the primary sound front 

incident at the eardrum is followed by secondary sound fronts caused by reflections of the 

primary sound within the enclosed space. In these cases, the ear determines the ITD 

based on the primary wavefronts at each ear, and supplants subsequent wavefronts. 

(Wallach, Newman, and Rosenzweig, 1949). It is for this reason that the precedence 

effect is also known as the “law of the first wavefront”. According to the binaural 
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inhibition model (Zurek, 1987), this effect can be described as a temporal weighting of 

directional information embedded in the sound that gives more importance perceptually to 

cues carried by the first wavefront from the source than to those associated with the 

delayed reflections. 

The importance of transient components of a sound source in eliciting the 

precedence effect (Giguere and Abel, 1993) has been shown in experiments where rapid 

onset and offset transients were separated from a signal presentation. The transients and 

resulting steady-state portion of the signal were then presented through separate speakers. 

In these experiments, the sound was perceived to be localized from the speaker that 

presented the onset and offset transients even though the steady state signal presented 

through the second speaker was several seconds in length (Blauert, 1983; Wallach et al., 

1949). 

The precedence effect fails when the ITD between the primary wavefront and its 

secondary echo is about 1 ms or less. In these instances, the perceived sound source is 

determined to be between the dichotic parameters of the primary sound and its echo 

(Wallach et al., 1949). The effect also fails in laboratory study when the echo is made 

louder than the primary sound; however, this situation seldom occurs in normal listening 

conditions (Gulick et al., 1989). 

Hearing Loss 

Blauert (1984) reviewed research on hearing loss related to spatial hearing and 

found, among others, two notable clinical findings. First, it has been shown that 

symmetrical hearing loss of as much as 30-40 dB has almost no effect on localization. 

Specifically, it has been shown that age related hearing loss has very little effect on 

directional hearing in the horizontal plane. The second observation was that with 

asymmetrical hearing loss the MAA is greater than with normal hearing in the horizontal 

plane. On the other hand, even if a person has complete deafness in one ear, localization 

is still possible and can even become near normal with experience, since the person can 
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learn to associate the auditory event appearing in time and direction with the actual 

location of the sound source. These findings suggest that even if subjects exhibit hearing 

loss on audiometric hearing tests, their ability to localize sound in the horizontal plane 

may not be greatly affected. 

LOCALIZATION AS A DIRECTIONAL CUE 

In this section, studies on head movement and vision and their effects on 

localization are discussed. Generally, it can be said that the movement of the head and 

eyes towards the direction of transient sounds is a natural response (Clarkson, Swain, 

Clifton, and Cohen, 1991; Muir and Field, 1979), and the ability to quickly and 

accurately localize sounds and visual targets depends on one another. That is, the 

auditory system uses the visual system to reinforce localization of sounds, while the 

ability of the visual system to disseminate targets in the visual field can be influenced by 

simultaneous auditory information. In the following sections, key research on head and 

eye movements relating to localizing auditory events is summarized and discussed. 

Head and Eye Movements 

Doll et al. (1986) reviewed research pertaining to the effects that head and eye 

movements have on the localization of sound in the environment. They summarized the 

research into four schools of thought, even though each can be considered as pertaining to 

the same issue. They named the four theories as, 1) the cue-modulation position, 2) the 

central auditory acuity hypothesis, 3) the visual frame-of-reference theory, and 4) the 

motor feedback/spatial memory position, and discussed research supporting each theory. 

Cue-modulation. Wallach (1940) noted that the influence of head movements on 

binaural cues was affected by the initial location of the sound source relative to the head. 

The respective change in head movement, relative to the sound source, resulted in the 

modulation of the ITD and IAD cues. For example, as a listener turns their head counter- 

clockwise in the horizontal plane, the resulting movement causes a increase in the ITD 
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and IAD in the right-front and left-rear locations about the head; a decrease in the ITD 

and IAD is then exhibited in the other two quadrants around head. Furthermore, tilting 

the head from side to side can elicit the same effects in the vertical plane (Doll et al., 

1986). 

Central auditory acuity. Pollack and Rose (1967) identified two requirements in 

order for head movements to be effective in improving localization. First, the sound 

source must be positioned somewhere to the left or right of the head, and second, the 

sound must be of sufficient duration that the listener has time to reorient the head towards 

the sound source. An analogy was then drawn between visual acuity and auditory acuity, 

since the visual system moves objects in the visual periphery to the center of the retina in 

order to take advantage of the increased visual acuity in that region. Similarly, the 

auditory system attempts to reorient the ears by moving the head to take advantage of 

orientations that maximize binaural and monaural cues (Doll et al., 1986). 

Visual frame-of-reference. Warren (1970) concluded that vision is the primary 

means through which sensory space is organized, and for auditory localization to be 

facilitated by vision, structured visual information is required. In a study by Platt and 

Warren (1972), it was shown that eye movements in a lighted visual field facilitated 

localization compared to a condition in which a dark visual field was used (Doll et al., 

1986). 

Pick, Warren, and Hay (1969) demonstrated the bias that the visual field can have 

on localization by requiring subjects to view the sound source loudspeaker through 

prisms. When subjects were asked to indicate the perceived location of the sound source, 

the response was biased in the direction of the displaced prismatic image (Doll et al, 

1986). 

Shelton and Searle (1980) found that vision improved the accuracy of localization 

judgments directly in front of, to the side of, and behind the head of subjects in the 

horizontal plane, but had insignificant effects on localization in the vertical plane. 
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Motor feedback/spatial memory. Jones and Kabanoff (1975) suggested that it is 

motor activity alone that provides the spatial framework of the perceived environment, 

and all sensory stimulation maps to this framework. In one particular study, it was found 

that localization was less accurate when the eyes were cued away from the sound source 

than when the eyes were cued in the direction of the sound source. From their research, 

they concluded that eye movement serves to update and stabilize auditory position 

memory, and that voluntary movement, rather than a visual map, is likely to provide the 

framework for spatial judgments. 
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EXPERIMENT 

Each subject was seated in the driver’s seat of a stationary vehicle equipped with 

12 audio system speakers located at various positions inside the passenger compartment. 

The twelve speakers allowed six warning sound stimuli to be presented from sixteen 

different directions using both single and double activation of speakers (i.e., a pair of 

speakers could create a virtual direction) for a total of 96 (6 x 16) different conditions. 

During the experiment, one of the 96 conditions was presented and the subject’s 

task was to determine from which direction the sound was emanating. The subject input 

his or her response through a joystick mounted between the front seats of the vehicle just 

forward of the armrests. A secondary task was also presented that required the subject to 

watch a video tape of a vehicle driving on a highway where the camera was pointed 

through the front windshield of the vehicle. This task required that the subject verbally 

respond whenever a bridge was encountered along the video-taped route. The TV 

monitor for this task was mounted over the hood of the vehicle, thus requiring the subject 

to maintain a gaze through the front windshield. This task was included primarily to 

encourage the subject to maintain a relatively fixed head position during stimulus 

presentation and throughout the experiment. It also simulated a driving workload to 

minimize the risk of the localization task being given an unrealistic amount of attentional 

effort. A background noise recording of an interior of a vehicle, while the vehicle was 

driving on a highway at 55 mph, was also presented during the experiment as added 

environmental simulation. Twenty-four subjects participated in the experiment. 

EXPERIMENTAL DESIGN 

The experiment utilized a three-way (16 x 6 x 2) mixed factorial design. Each 

subject underwent 96 unique conditions. Each experimental condition was replicated 

three times for a total of 288 conditions for each subject. The factors of the experiment 

were Speaker activation/location (16 levels), auditory warning stimulus/Sound (6 levels) 

31



and Age (2 levels). Speaker and sound were within-subjects variables, while age was a 

between-subjects variable. An equal proportion of male and female participants within 

each age group was achieved. Figure 8 illustrates the experimental design. Although 

Figure 8 includes gender as a between-subjects variable for completeness, gender was not 

included as a fourth factor in the planned analyses (See Empirical Results section for 

further details). 

Independent Variables 

Speaker (16 levels). In order to test the ability to differentiate the location of 

sound sources within the vehicle, sixteen different speaker activation (i.e., sound source 

locations) levels were manipulated in the experiment. These speaker activations are listed 

in TABLE 1 along with their respective speaker location(s) in the vehicle. The list also 

specifies if a single speaker or speaker combination was used. The section entitled 

Stimulus Speaker Locations contains additional illustrations and discussion of speaker 

activation levels. 

Sound (6 levels). Seven different stimuli were presented during the experiment. 

They included three acoustic warnings and three voice warnings during data collection 

and one additional acoustic warning during the practice session. 

The stimuli selected for this study were found to be likely candidates for use as 

auditory warnings for crash avoidance warning devices through a previous study. This 

previous study evaluated multiple perceptual attributes of 26 different auditory warnings. 

These 26 different warnings were comprised of warnings canvassed using 

recommendations in the literature and through a sampling of existing auditory warnings 

and inexpensive off-the-shelf warning buzzers. The Preliminary Human Factors 

Guidelines for Crash Avoidance Warning Devices (Kotwal and Lerner, 1993) was also 

used as a basis for determining the physical characteristics of some of the canvassed 

warnings. 
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Speaker Activation Level |1{2|/3|4[5/6|7]|8| 9 [10|11|12|13/14/15|16| 

Stimulus |1/2/3/4/5/6 
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$1/2 
$2/2 
$3/2 
$4/2 
$5/2 
$6/2 

$1/1 
$2/1 
$3/1 
$4/1 
$5/1 
$6/1 

$1/3 
$2/3 
$3/3 
S4/3 
$5/3 
$6/3     

S07/1 
$08/1 
$09/1 
$10/1 
$11/1 
$12/1 

$07/2 $07/3 
$08/2 S08/3 
$09/2 S09/3 
$10/2 $10/3 
$11/2 $11/3 
$12/2 $12/3   

$13/1 
$14/1 
$15/1 
$16/1 
S17/1 
$18/1 

$13/2 $13/3 
$14/2 $14/3 
$15/2 $15/3 
$16/2 $16/3 
$17/2 S17/3 
$18/2 $18/3   

$19/1 
$20/1 
$21/1 
$22/1 
$23/1 
$24/1 

$19/2 $19/3 
$20/2 $20/3 
$21/2 $21/3 
$22/2 S$22/3 
$23/2 $23/3 
$24/2 $24/3 

  

Figure 8. Experimental Design (See text for details of experimental conditions). 
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TABLE 1 

Sixteen Speaker Activation Levels 
  

  

Level Speaker(s) Activated Location of Speakers in Car 

1 Speaker 1 only Left A-pillar 

2 Speaker 2 only Center of Windshield 

3 Speaker 3 only Right A-pillar 
4 Speaker 4 only Right B-pillar 

5 Speaker 5 only Right C-pillar 

6 Speaker 6 only Center of Rear Window 

7 Speaker 7 only Left C-pillar 

8 Speaker 8 only Left B-pillar 

9 Speaker 9 only Middle Right A-pillar 

10 Speaker 10 only Middle Left A-pillar 

11 Speaker 11 only Right Rear Deck 

12 Speaker 12 only Left Rear Deck 

13 Speakers 1 and 3 Both A-pillars 

14 Speakers 3 and 5 Right A- and C-pillars 

15 Speakers 5 and 7 Both C-pillars 

16 Speakers 1 and 7 Left A- and C-pillars 
  

34



Using a technique that evaluated the magnitude of key perceptual attributes within 

the 26 candidate warnings that are associated with effective auditory warnings, 6 of the 26 

warnings were selected that best met the requirements of a crash avoidance auditory 

warning for an imminent crash avoidance situation. This type of situation is defined as 

one in which the potential for a collision is such that an immediate vehicle control 

response or modification of a planned response is required in order to avoid a collision 

(Kotwal and Lerner, 1993). These six warnings were used as the stimuli for this study. 

This subset of six stimuli was comprised of two types of warnings—acoustic 

warnings and voice warnings. For the purpose of this study, acoustic warnings are 

defined as all auditory displays except speech displays. Speech displays or voice 

warnings are defined as auditory warnings which present speech in either digitized or 

synthesized format. Three different warnings comprised each of these warning types. 

The three acoustic warnings included a low-fuel warning from an aircraft 

flightdeck, an off-the-shelf warning buzzer from Radio Shack, and a repeating pattern 

warning incorporating several recommended warning characteristics from the literature. 

The three voice warnings included both digitized and synthesized voice samples repeating 

the word “DANGER”. Both a male and female digitized voice were used, as well as a 

synthesized male voice. In addition to these six warnings, a seventh acoustic warning was 

selected for use during the Practice Session (PS) for this experiment. TABLE 2 lists the 

profiles of the seven warnings. 

Age (2 levels). Nested within subjects, two age groups were examined in this 

study. One group was comprised of younger drivers ages 20-45, while the other group 

was comprised of subjects 65 years of age and older. An equal number of subjects in 

each age group was attained. 
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TABLE 2 

Descriptions of six stimulus levels and practice session stimulus. 
  

Acoustic warnings 

  

Level Description Warning Name 

1 Obtrusive siren Low-fuel aircraft warning 

2 Hi-Low tone sequence Radio Shack off-the-shelf buzzer #273-072 

3 Repeating pattern Repeating pattern 
  

Voice warnings 

  

Level Description Warning 

4 Male digitized voice DANGER, DANGER, DANGER.,... 

5 Female digitized voice DANGER, DANGER, DANGER... 

6 Male synthesized voice DANGER, DANGER, DANGER.,... 

Practice Session warning 

Level Description Warning _ 

PS Repeating pattern Repeating pattern 
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Dependent Variables 

Response times and perceived direction of the auditory stimulus were recorded 

during the experiment. Each of these measures is discussed below. 

Response times. Response time for localizing the sound was recorded at two 

points during a response, and was measured from the time the stimulus was first 

presented. The first measurement point occurred when the joystick (See Apparatus for 

discussion of the subject input device) was first moved away from the center position 

(i.e., “response time”), while the second measurement point occurred when the button on 

the top of the joystick was pressed once the joystick was positioned in the desired 

direction (i.e., “decision time”). The “response time” indicates the latency for an initial 

detection and orienting response toward the stimulus, while the “decision time” indicates 

the time required to decide on the specific direction of the perceived source. For each 

stimulus and speaker activation level, the response time and decision time for that 

condition was taken as the mean of the response and decision times across the three 

replications. 

Perceived direction of sound. The perceived direction of the sound was measured 

using the x- and y-coordinates input by the subject via the joystick. The coordinates 

recorded were the values at the time the joystick button was pressed. These coordinates 

were then transformed into an azimuth heading with the center of origin concentric with 

the subject’s head. A 0° azimuth indicated that the sound was perceived to be heard as 

originating from directly in front of a subject. Consequently, each response made by the 

subject had a localized direction of between 0° and 359°. A fourth dependent measure 

inherent to the coordinate information was the accuracy of each response in terms of the 

number of degrees the response was away from the correctly localized response. For 

each stimulus and speaker activation level, the azimuth direction and accuracy of the 

response was taken as the mean of the azimuth directions and achieved response 

accuracies across the three replications, respectively. TABLE 3 summarizes the purpose 

of the four dependent measures and how each measure was collected. 
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Presentation Order 

Experimental trials were completely randomized to minimize order effects related 

to treatment and practice. That is, subjects were presented with one of the six stimuli 

through one of the sixteen speaker activation methods at random. This random 

assignment of trials was continued until each of the six stimuli were presented through 

each of the speaker activation levels once (6 x 16 =96 conditions). This procedure was 

replicated three times yielding a total of 288 conditions. 

Participants 

Twenty-four volunteers were paid $45.00 for participation in the study. These 

participants were screened for age, gender, driving status, and hearing. The screening 

methods used are discussed in detail in the Experimental Procedures section of this 

document. 
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TABLE 3 

Purpose and measuring method for each dependent variable. 
  

Response Time 

  

Dependent Variable Purpose Measuring Method 

Response Time Time to Initially Orient Stimulus start to joystick movement 

Decision Time Time to Decide Direction _ Stimulus start to joystick button press 
  

Perceived Direction of Sound 

  

Dependent Variable Purpose Measuring Method 

Accuracy Localization Accuracy Degrees from correct localization 

Azimuth Direction Perceived Direction Azimuth direction of response 
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APPARATUS 

The auditory stimuli and secondary task were presented using an equipment set-up 

designed and operated at the COMSIS Corporation, Silver Spring site. The apparatus 

was created around a 1995 Ford Taurus GL 4-door sedan. A block diagram of the 

apparatus is shown in Figure 9. 

The stimulus presentation equipment was mounted in the passenger compartment 

of the vehicle and was controlled through computers and equipment placed behind and in 

the trunk of the vehicle (See Figure 10). This section discusses the apparatus’ 

components, control structure, subject seating position, calibration method, and operating 

environment. 

Components 

The components included twelve full-range 3.5" automotive speakers (2-way 

Blaupunkt RL-3524 with dome-tweeter), a Polk Monitor 6II satellite/sub-woofer system, 

one Infinity SM62 studio monitor speaker, two Radio Shack 3.5” automotive speakers 

(Model #40-1325A), a 386DX/40 IBM compatible computer controlling a second 

386DX/40 IBM compatible computer (via a Vetra VIP-335 RS-232 to keyboard pipe 

connection) and a Keithley Metrabyte PIO-12 digital I/O board driving two Keithley 

Metrabyte ERA-01 external relay boards, a Radio Shack graphic equalizer (Model #31- 

2025), two Kenwood stereo amplifiers (Models KRA-5060 and KA-791), a Radio Shack 

stereo mixer (Model #32-1200C), a Suncom FlightMAX analog joystick, a 20” Panasonic 

TV monitor, Sony VHS video cassette recorder, and a Sony digital audio tape (DAT) 

deck. The second IBM compatible computer, controlled through the VIP-335, operated a 

16-bit MediaVision Pro Audio Spectrum sound card. These components are itemized 

together with their functional purpose in TABLE 4. 
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Figure 9. Block diagram of experiment apparatus. 
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Figure 10. Placement of computers and equipment in trunk of vehicle. 
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TABLE 4 

Listing of key apparatus components 
  

  

Component(s) Description Purpose 

CPU1 386DX/40 Experiment control 
RS-232 to Keyboard Pipe —_ Vetra VIP-335 Controls CPU2 
Digital I/O board Keithley PIO-12 Controls ERA-O1 relays 

Two relay boards Keithley ERA-01 Speaker relay circuit 

Joystick Suncom FlightMAX Subject input device 

CPU2 386DX/40 16-bit sound board control 
16-bit sound board Media Vision PAS _ Stimulus signal generator 

Integrated Amplifier Kenwood KA-791 — Stimulus signal amplifier 

Twelve 3.5” speakers Blaupunkt RL-3524 Stimulus/speaker activation levels 

DAT player Sony DT-700 Background noise signal source 

10 band equalizer RS 31-2025 Equalize frequency response 

Mixer RS 32-1200C Equalize background noise (F-R) 

Tuner Kenwood KRA-5060 Background noise signal amplifier 
Satellite/sub-woofer system Polk Monitor 6ll Background noise presentation 

Bookshelf speaker Infinity SM62 Background noise presentation 

Two 3.5” speakers RS 40-1325A Background noise presentation 

20” Monitor Panasonic Secondary task video presentation 

VCR Sony VHS Secondary task video source 
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Control Structure 

The CPU1 386DX/40 computer was programmed to control the experiment using 

Microsoft QBASIC®. Stimulus presentation order, presentation times, response 

calibrations, and data collection were automated with the program (these are discussed in 

depth in subsequent sections). The program also controlled the ERA-O1 relay boards 

through the PIO-12 digital I/O board installed in the computer and controlled the second 

computer though the VIP-335 interface connected between the computers. 

The twelve 3.5” speakers were driven by the Kenwood KA-791 integrated 

amplifier which received its input signal from the 16-bit sound board installed in CPU2. 

The speakers were controlled via the two ERA-01 relay boards allowing independent 

ON/OFF control of any combination of these speakers (each ERA-01 contained 8 

mechanical relays). Loudness levels were software controlled and accomplished through 

independent adjustment of left and right channel output level of the sound board signals 

sent to the KA-791. The channel connected to each speaker was selected such that in 

conditions where two speakers were activated simultaneously, the left and right channel 

outputs each controlled one of the speakers. This method of feeding members of speaker 

pairs with separate channel signals allowed the loudness level of each speaker in the pair 

to be adjusted independently. 

The DAT player provided the background noise signal via the Radio Shack mixer 

to the KRA-5060 amplifier driving the Monitor 6 II satellite/sub-woofer systems, SM62 

speakers, and RS-30-1325 3.5” speakers. The mixer allowed adjustment of left and right 

input levels from the DAT to the amplifier. The Monitor 6II speakers (mounted in the 

rear of the car) were connected to the left channels of the Speaker A and B outputs of the 

KRA-5060, while the SM62 speaker and the pair of RS-30-1325 speakers (in series) were 

connected to the right channels of the Speaker A and B outputs (these three speakers were 

mounted in the front of the car). Consequently, adjustment of left and right input levels 

(via the mixer) allowed for sound level adjustment between the front and rear speakers. 

Furthermore, this arrangement allowed the L-R balance control on the amplifier to be 

44



used to turn off one set of speakers, without disturbing the current settings, while the 

level on the other set was calibrated. Subject input was recorded via a Suncom 

FlightMAX analog joystick connected to the CPU1 386/DX40 computer. The joystick 

returned x- and y-coordinates as well as button presses. The coordinate system followed 

by the joystick used 0,0 for the upper left most position, while maximum x- and y-values 

were attained at the lower right most position of the joystick. 

The equipment used for the secondary task included a 20" Panasonic monitor and 

a Sony VHS video cassette player. These were mounted on a platform that was 

positioned over the hood of the car in front of the windshield (See Environment section 

for diagram). The line-of-sight to the portion of the monitor contaming the secondary 

task scene was equivalent to that of a driver looking at the road approximately four car 

lengths ahead. 

Seating/Measurement Position 

Subjects were asked to seat themselves comfortably in the center of the driver's 

seatpan. Each subject's head position was adjusted so that their interaural axes were, 1) 

at the same height, and 2) the same horizontal distance from the top of the windshield. 

This was accomplished by adjustment of the 6-way power driver's seat. A position of the 

interaural axis was selected which allowed all subjects, regardless of physical stature, to 

be seated comfortably. The measurement position selected was 16.5” from the top of the 

front windshield, 8.75” from the ceiling of the car, and centered with the steering wheel. 

The desired vertical head position of the seated subject was allowed to deviate + 1" from 

this test position. 

Although some participants would not actually sit in the testing position while 

driving, a single testing position was selected for this study to allow calibration to be 

made relative to a specific head position. Since subjects of different stature would have 

sat with their interaural axes at different positions once a comfortable seating position was 

attained, it would also have been impractical to recalibrate the aim and output level of 
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each speaker for each subject before experimentation. Although varying seating positions 

would be more realistic of the actual driving environment, maximum control of 

experimental variability was desired for this study to provide a foundation for future 

studies employing different factors, such as varying seating position. 

Equipment Calibration 

An Ivie IE-20B noise generator provided a pink noise that was used for all 

calibrations where frequency response equalization was required. A Quest Model 2800 

sound level meter and an Ivie IE-10A sound level meter with 10-band audio spectrum 

analyzer were also used throughout the calibration procedures. The Ivie IE-10A was 

equipped with a real-time graphical display of output of the 10-band audio spectrum 

analyzer and accepted external inputs. This allowed the meter to be used to calibrate 

frequency response both electrically and through sound pressure measurement. 

SpectraPlus Professional v3.0, a Microsoft Windows based spectrum analyzer, was used 

for all 1/3 octave band frequency analyses. 

The pink noise was used to calibrate the output of the sound card to ensure that 

frequency responses across each octave band were equalized to within + 3 dB, with the 

exception of those centered below 125 Hz and above 8 KHz. This specification was 

selected since these bands did not comprise the predominant frequencies of the stimuli and 

are also difficult to equalize with the hardware. The IE-10A was connected to the line- 

out port of the sound card. The pink noise, recorded at a 44.1 KHz sampling rate onto 

the computer, was then played back by the soundboard. The IE-10A was then monitored 

as the sound card output was calibrated. Although calibration of the soundcard was 

limited to treble and bass adjustment of the sound card output, the adjustments proved to 

be sufficient due to a flat frequency response achieved within the band of interest. 

The Radio Shack equalizer was used to equalize the frequency output of the front 

and rear ambient noise speaker systems using a pink noise to within + 3 dB across each 

octave band (except at the 16 KHz center frequency) at the subject’s head position. 
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Details of the acoustical calibration of the ambient noise speakers are discussed further in 

the Acoustical Calibrations section. 

The frequency response of each of the 12 speakers were not equalized. Instead, 

the frequency response for each of the speakers was measured at the driver’s head 

position and the speakers were used as-is (See Acoustical Calibrations for a detailed 

discussion of acoustical measurement procedures). This provided additional realism to 

the experiment by considering that final speaker position and type, additional passengers 

in the vehicle, and varying ambient noise will reduce any significant benefits of individual 

speaker equalization. As a precautionary measure, each of the speakers was bench tested 

to ensure that no speaker’s frequency response curve differed significantly from the group 

before installation (two speakers required replacement). 

Environment 

The vehicle was parked in a section of an underground parking garage where 

minimal noise and activity was present. A steel-framed sheetrock enclosure was then 

built around the vehicle and experimenter work station to provide further noise 

attenuation and privacy from garage patrons. Figure 11 illustrates the enclosure created 

for the vehicle and experimenter work station, as well as the general locations of the 

apparatus components. The experiment was conducted with the vehicle's windows 

closed, entertainment and climate control systems off, and the engine off. Cabin 

temperature did not need to be controlled due to the time of year the experiment was 

conducted. The vehicle was connected to an external power supply to prevent battery 

drainage while powering interior lighting systems and, when necessary, the climate 

control fan. The ambient sound level within the vehicle was measured to be 49 dB(A). 

Subjects were seated in the driver's seat of the vehicle and received auditory stimuli, 

provided responses, and engaged in the secondary task from this position. 
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Figure 11. Illustration of apparatus set-up showing vehicle, experimenter’s workstation, 

subject seating position, secondary task equipment, and stimulus speakers. 
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SPEAKERS 

Stimulus Speaker Locations 

Figure 12 provides a graphical representation of the locations of the 12 speakers 

within the passenger compartment of the vehicle using both a side and top view. These 

twelve speakers were used to present the stimuli a total of 16 different ways. The 

rationale for these locations was to present a sound from a direction that would 

correspond to typical hazard directions encountered by drivers, to utilize likely locations 

in the vehicle that speakers could be located, and to test the usage of existing and future 

stereo system speaker locations. Single speakers and pairs of speakers were activated to 

present a sound that appeared to emanate from various directions around the driver. 

Eight speakers were mounted along the roof-line of the vehicle—one at the top of 

each A-, B-, and C-pillar, one at the top center of the front windshield, and another at the 

top center of the rear window. Each of these speakers was aimed towards the subject’s 

head position (i.e., measurement position). The roof-line of the vehicle was selected for 

these speakers to minimize the effect of obstacles, such as passengers and seating head 

restraints, on the warning sound. This provided a direct sound path towards the driver’s 

head position. 

The four remaining speakers were mounted along the A-pillars and rear deck of 

the vehicle. Two of these speakers were mounted on the A-pillars mid-way between the 

top of the pillar and the top of the dashboard. Each of these speaker’s axes was directed 

towards the center of the rear window to simulate a hypothetical configuration for use by 

vehicle stereo systems. The two speakers on the rear deck were mounted inside the 

factory speaker openings and were concentric and level with the original factory speaker 

positions. Since these speakers were smaller than the original speakers, a baffle was 

fashioned around the speaker to maintain proper speaker coupling with the vehicle. In 

addition to the twelve speaker locations themselves, the four combinations of speakers are 

shown in Figure 12 as pairs 13, 14, 15 and 16. Azimuth locations of each of the 12 
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Figure 12. Graphical representation of 12 speaker locations within the passenger 

compartment using top and side views of the vehicle. 
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speakers and 4 virtual speakers relative to the subject head coordinate system where 0° 

corresponds to directly in front of the subject’s head, are provided in TABLE 5. 

The speakers themselves were mounted within a 3” ID PVC pipe endcap (ASTM 

D-2729) using silicone sealant. The dimensions of this enclosure are approximately 3.5" 

OD, 3.25" ID and 2" L. Each enclosure was painted flat-black and was mounted on an 

aluminum bracket and secured to a window using suction cups. The brackets were 

designed so that the speaker's axis could be aimed towards a specified point. The 

speakers mounted in the rear deck of the car were secured to the original speaker 

attachment points with rectangular PVC extensions. In order to reduce the tendency of 

subjects to visually fixate on any one speaker location, which might influence localization 

responses, an acoustically transparent fabric was placed over all the speakers and along 

the perimeter of the roof to disguise the exact location of the speakers. 

Figures 13, 14 and 15 illustrate the 12 speaker locations as they were situated and 

mounted within the vehicle passenger compartment. Figure 16 illustrates an example of 

the positioning of the acoustically transparent fabric. 

Stimulus Speaker Directionality 

The directionality of the speaker used for the 12 stimulus speakers was measured 

to understand the frequency response of the speaker at various off-axis angles and 

distances from the speaker. The measurement positions were at 0°, 5°, 10°, 20°, 30° 

and 45° off-axis at one foot from the speaker. In addition, measurements at 5 feet were 

taken at 0° and 45°. A pink noise was used as the test signal. The results indicated that 

the frequency response was similar at the two different testing distances. Figure 17 

shows the frequency response curves for the speaker on-axis and at various off-axis 

angles. Higher frequencies (approximately 2,000 Hz and above) are also shown to be 

more directional than lower frequency sounds; however, the directionality of frequencies 

becomes evident as low as 500 Hz. 
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TABLE 5 

Azimuth directions of Speaker Relative to Driver (degrees) 
  

Speaker Locations 

  

  

  

  

  

Level Speaker Activated Location of Speakers in Car Azimuth 

2 Speaker 2 only Center of Windshield 41.1 

9 Speaker 9 only Middle Right A-pillar 57.3 
3 Speaker 3 only Right A-pillar 65.5 

4 Speaker 4 only Right B-pillar 101.1 

5 Speaker 5 only Right C-pillar 132.4 

11 Speaker 11 only Right Rear Deck 152.1 

6 Speaker 6 only Center of Rear Window 166.8 

12 Speaker 12 only Left Rear Deck 185.8 

7 Speaker 7 only Left C-pillar 203.4 

8 Speaker 8 only Left B-pillar 236.7 

10 Speaker 10 only Middle Left A-pillar 338.5 
1 Speaker 1 only Left A-pillar 339.4 

Virtual Speaker Locations 

Level Speakers Activated Location of Speakers in Car Azimuth 

13 Speakers 1 and 3 Both A-pillars 41.1 

14 Speakers 3 and 5 Right A- and C-pillars 90 

15 Speakers 5 and 7 Both C-pillars 166.8 

16 Speakers 1 and 7 Left A- and C-pillars 270 
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Figure 13. Stimulus speaker locations: Front (Note joystick and intercom at bottom 
center of photograph, and background noise speaker at bottom right). 
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Figure 14. Stimulus speaker locations: Front and Side (Note measurement position (top 
right) marked by drop-line and center of metal washer). 
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Figure 15. Stimulus speaker locations: Rear (Note rear background noise speakers). 
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Figure 16. Acoustically transparent fabric positioned over front speaker (Note position of 

video monitor for secondary task and stored drop-line for measurement position). 
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Figure 17. Directionality measurements of stimulus speaker frequency response. 
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Stimulus Speaker Frequency Response 

The frequency response for each of the 16 speakers was measured at the 

measurement position once the apparatus was prepared for data collection. The frequency 

response characteristics of the 16 measurements have been divided for illustrative 

purposes into Figures 18, 19, and 20 below. These figures contain the frequency 

response characteristics for speakers 1 to 8, 9 to 12, and 13 to 16, respectively. As the 

graphs illustrate, frequency response was relatively uniform across the 16 speaker 

activation levels. Speakers 9 and 10, and 11 and 12 performed similarly as pairs (Figure 

19), but slightly different from the roof-line mounted group (Figure 18). Speaker 

combinations tend to be less uniform in the lower frequencies (Figure 20)—a possible 

result of amplification and cancellation of the combined sound fronts. Figure 21 contains 

the average performance of the 16 speakers. 
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Figure 18. Frequency response curves for stimulus speakers I through 8 for a pink noise 

source (i.e., 8 roof-line mounted speakers). 
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Figure 19. Frequency response curves for stimulus speakers 9 through 12 for a pink 

noise source (i.e., middle A-pillar and rear deck speakers). Notable features are a peak at 

3,000 Hz for speakers 9 and 10 and valley at 1,000 Hz for speakers I1 and 12. 
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Figure 20. Frequency response curves for stimulus speakers 13 through 16 for a pink 

noise source (i.e., 4 combinations speakers; Note low frequency (< 400 Hz) 

interactions). 
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Figure 21. Average frequency response curves for the 16 stimulus speakers for a pink 

noise source. 
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Ambient Noise Speaker Locations 

In addition to the twelve stimulus speakers, the sub-woofer for the Polk Monitor 

6II was placed behind the driver's seat on the floor of the car. The satellites for the 

system were positioned on wood stands placed on the rear passenger seat. Each of these 

speakers were directed towards the front of the vehicle, as shown previously in Figure 

15. The speakers were positioned so that their tops were at the same height as the top of 

the rear seat back. This position minimized the effect of these speakers on the sound 

emanating from the rear deck speakers. The Infinity SM62 speaker was placed on a 

wooden platform positioned at the same level but forward of the front passenger seat pan. 

This speaker was also faced toward the driver (Refer to Figure 14). The two 3.5” 

speakers were mounted around the driver to fill-out pockets where ambient noise did not 

appear to emanate from. One speaker was mounted directly in front of and to the left of 

the instrument cluster facing the driver so that it was visible through the steering wheel 

(Refer to Figure 13). The second speaker was mounted on the left side of the car slightly 

below and behind the driver’s head and was directed towards the driver’s head. This 

speaker was positioned using the window mounting device designed for the stimulus 

speakers. A graphical representation of the ambient noise speaker locations appears in 

Figure 22. Calibration of the ambient noise speakers is discussed in the Acoustical 

Measurements and Calibrations section. 
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STIMULI 

The presentation format for the stimulus varied according to the warning type; 

however, regardless of type, each stimulus remained on or was repeated until the subject 

made a response. The presentation formats for the two types of warnings are discussed in 

the following sections. 

Voice Warnings 

The voice warning message (i.e., “DANGER”) was spoken at a rate of 

approximately 156 words per minute (WPM) and was repeated after about 125 ms. This 

speech rate was found to be the preferred rate for voice warnings in the literature (Kotwal 

and Lerner, 1993), while the 125 ms pause between repetitions was near the minimum 

time required for a human speaker to clearly and accurately repeat the word for 

recording. Although a shorter pause between repetitions can be achieved with computer 

generated speech and through computer post-processing of the digitized speech, the 

speaker-limited pause was found to be the more natural sounding while still maintaining 

the desired sense of urgency. 

Acoustic Warnings 

The low fuel warning and off-the-shelf buzzer warnings were presented 

continuously until the subject made the required response. The two repeating patterns, on 

the other hand, were repeated at approximately 110 ms after the end of the pattern, or at 

approximately a 75% duty cycle. 

Stimulus Samples on Disk 

Samples of the seven stimuli described here are provided on two 3.5” 1.44MB 

disks attached to this document. These samples are stored in .WAV file format and can 

be listened to using an IBM compatible computer with 16-bit soundboard and playback 

software such as Sound Recorder that is built-in to Microsoft Windows 3.1. 
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Stimulus Descriptions 

Each of the seven stimuli are described in detail below on the basis of subjective 

interpretation, and 1/3 octave-band analyses (electrical) and time-series (i.e., time, 

frequency and amplitude) plots (See APPENDIX A) of samples of the stimuli waveforms. 

Note that for presentation purposes, the maximum dB level measured electrically with the 

octave-band analysis for each stimulus was adjusted to -5 dB. This was done to simplify 

comparison of component frequencies between the stimuli and does not imply a specific 

presentation method to achieve equal plot tops during the experiment. Similarly, the 

time-series plot in APPENDIX A have also been optimized for presentation purposes. 

The actual at-ear octave band analysis of each stimulus has also been included 

below the electrical octave band analysis for comparison. The at-ear analysis was 

accomplished by recording each stimulus output from Speaker 3 (i.e., right A-pillar) onto 

the DAT player. These DAT recordings were then recorded to a 16-bit .WAV sound file 

using a sampling rate of 44.1 KHz and were subsequently post-analyzed using the PC- 

based spectrum analyzer. Speaker 3 was selected on the basis of being forward of the 

pinnae of the ear and at a distance that was approximately the median distance away from 

the subject for the eight speakers mounted along the roof-line of the car. 

It is important to note that there is a difference between the x-axis scale for the 

electrical and at-ear measurements for the voice warnings. This is due to the electrical 

measurements being made directly on the master .WAV voice recordings that were 

recorded using a 22 KHz sampling rate. On the other hand, the at-ear measurement 

recordings were sampled at 44.1 KHz, even though the master .WAV voice recordings 

had a maximum frequency content of approximately 11,000 Hz due to the 22 KHz 

original sampling rate. This frequency limitation of 11,000 Hz appeared adequate for the 

reproduction of the voice stimuli; however, the frequency limitation for the acoustic 

stimuli was 22,500 Hz. 

In general, the difference between the at-ear and electrical frequency analysis is 

directly correlated to the frequency response of the speaker used (See section entitled 

66



One-Third Octave Band Analysis of Stimuli at Measurement Position for further 

discussion). 

Low-fuel warning. See Figure 23. The low-fuel warning can be described as a 

multiple component frequency, rapidly wailing siren that is effective in flightdeck noise. 

Its 1/3 octave band analysis clearly shows the intent of its designer to create a warning to 

be heard above the flightdeck background noise. Although, it ranked high on annoyance 

in the previously mentioned Kotwal and Lerner (1993) study, the warning ranked best at 

overall warning effectiveness. Its time-series plot shows a continuos, full-spectrum 

stimulus beginning at about 800 Hz and continuing upwards. 

Off-the-shelf buzzer. See Figure 24. The off-the-shelf buzzer purchased at Radio 

Shack can be described as a sequence of a high and low frequency tone, with the sequence 

repeated at a rate of approximately 2.25 Hz. This device was selected due to its simple 

warning tone sequence, compact size, and low cost. 

Repeating pattern 1. See Figure 25. This warning stimulus was comprised of 

four pulses of approximately 110 ms each separated by 8 ms intervals. The four pulse 

pattern was repeated after 110 ms resulting in approximately an 80% duty cycle for the 

warning. 

Repeating pattern 2 (practice session). See Figure 26. This warning stimulus had 

the same characteristics of the repeating pattern 1, but its pulses were comprised of 

different frequency components. 

Digitized male voice. See Figure 27. This recorded voice was from a 32 year old 

male who had broadcast radio speaking experience. The phrase ‘DANGER’ was 

recorded several times using various presentation qualities. A sample recording of the 

phrase was made prior to the recording session and was adjusted through software to 

achieve the desired speech rate of 156 words per minute. This rate was then matched 

several times by the speaker using different voice characteristics. A mature, formal, yet 

not mechanical, sample of the phrase was selected. 
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Digitized female voice. See Figure 28. This recorded voice was from a 27 year 

old female with no formal broadcast speech training. The final voice sample was selected 

using the same methods employed for the digitized male voice sample. 

Synthesized male voice. See Figure 29. This voice was synthesized using a 

Sound Blaster 16 with Advanced Signal Processing (ASP) chip. The ASP function 

allowed the 16-bit sound card to generate synthesized speech using the included software. 

The synthesized male voice characteristics were adjusted to match the desired speech rate 

and voice quality. It can be described as sounding computer generated, but very human 

like. A characteristic of the synthesized phrase was the distinctiveness in the 

pronunciation of the two syllables in the word ‘DANGER’. Although the speech 

synthesis function of the soundcard performed very well, a low (but still acceptable) 

signal-to-noise S/N was evident with this entry-level voice synthesizer equipment. 

Background Noise/Description 

The vehicle background noise used in the experiment was attained from a sound 

effects library CD that contained interior recordings of various vehicles driving under 

different conditions. The selected recording was that of a compact car driving at highway 

speeds. This vehicle size was selected as a worst-case scenario across potential vehicles 

for road and vehicle noise entering the passenger compartment with the windows closed. 

The recording was made with the radio off and the windows closed. A 1/3 octave band 

analysis of the background noise appears in Figure 30. As illustrated, the background 

noise contained frequencies primarily in the range of 50 Hz to 2000 Hz (Note: a sample 

of this background noise is also included on the enclosed computer disks). 
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Figure 23. Sound/Stimulus 1: Low-fuel aircraft warning (Top-electrical measurements, 
Bottom-at-ear measurements). 
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Figure 24. Sound/Stimulus 2: Radio Shack buzzer(Top-electrical measurements, Bottom- 
at-ear measurements). 

70



  

  

  

  

  

    

Re
la

ti
ve

 
Am

pl
it

ud
e 

(d
B)

 

    

  

40 50 63 80 10
0 

12
5 

16
0 g 8 31
5 $888 88888 

- N 1 31
50
 

40
00
 

50
00
 

63
00

 

80
00
 

10
00
0 

12
50
0 

16
00
0 

1/3 Octave Band Center Frequency (Hz) 

  

  

  

  

  

  

    

Re
la

ti
ve

 
Am
pl
it
ud
e 

(d
B)
 

    

  

40 50 63
 

80
 

10
0 

12
5 

16
0 

20
0 

25
0 

31
5 

40
0 

50
0 

63
0 

80
0 

10
00
 

12
50
 

16
00
 

00
0 

25
00
 

31
50
 

40
00
 

50
00
 

63
00
 

80
00

 

10
00

0 

12
50
0 

16
00
0 

1/3 Octave Band Center Frequency (Hz) 

Figure 25. Sound/Stimulus 3: Repeating pattern (Top-electrical measurements, Bottom: 
at-ear measurements). 
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Figure 26. Practice Session Sound: Repeating pattern (Top-electrical measurements, 

Bottom-at-ear measurements). 
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Figure 27. Sound/Stimulus 4: Digitized male voice (Top-electrical measurements, 
Bottom-at-ear measurements). Note difference in x-axis scaling (Refer to text for details). 
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Figure 28. Sound/Stimulus 5: Female digitized voice (Top-electrical measurements, 

Bottom-at-ear measurements). Note difference in x-axis scaling (Refer to text for details). 
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Figure 29. Sound/Stimulus 6: Male synthesized voice (Top-electrical measurements, 

Bottom-at-ear measurements). Note difference in x-axis scaling (Refer to text for details). 
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Figure 30. 1/3 octave band analysis of sedan background noise (electrical measurement) 
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ACOUSTICAL MEASUREMENTS AND CALIBRATIONS 

Measurement Position 

Depending on the measurement performed, either the Quest Model 2800 sound 

level meter or the Ivie IE-10A sound level meter with 10-band audio spectrum analyzer 

was utilized. Each meter was mounted upright such that the microphone top was 

positioned at the intersection of the mid-sagittal plane and the interaural axis as discussed 

in the Seating/Measurement Position section. All sound measurements were made from 

this position, except as noted. 

Twelve Stimulus Speakers 

Loudness levels from the respective speaker locations were adjusted to equal one 

another at the driver's head position. For example, the loudness level provided by the 

Speaker 1 condition equaled the loudness level provided by the Speaker 1 and 3 

combination. Similarly, the loudness level of the Speaker 2 condition equaled the 

loudness level of the Speaker 8 condition. This strategy for setting loudness level was 

adopted to prevent stimulus loudness from being confounded within the experimental 

design. The equal loudness between members of speaker pairs was chosen in order to 

introduce speaker combinations into the experiment in its simplest form—a virtual 

direction created approximately halfway between the two speakers. 

All stimuli loudness levels were equalized across all speaker activation conditions 

using the pink noise generator. A range of 2 dB(A) between the equalized levels for a 

single stimulus across the 16 speaker activation levels was achieved. The procedure for 

adjusting stimulus loudness is discussed in the following paragraphs. This range was 

deemed acceptable since the just-noticeable-difference (JND) for loudness is 

approximately 3 dB(A) for non-adjacent stimulli. 

Each speaker's output level was adjusted using the software controlled output level 

on the sound card. Since a maximum of two speakers were activated at any one time, 

each member of a pair of speakers was assigned either the left or the right output channel 
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of the stereo sound card so that each could be adjusted separately (Refer to Apparatus: 

Control Structure section). To accomplish this calibration, a QBASIC program was 

written that recorded the necessary left and right channel level outputs that achieved the 

calibrated pink noise level measured in the pre-experiment studies (See Preliminary 

Experiments section) for each of the 16 speaker conditions. The measurements were 

made after the vehicle was set-up for the experiment and any passengers. Each of the 

calibrated values recorded during these procedures was then input into the QBASIC 

program along with their associated stimulus conditions for recall during the experiment. 

One-Third Octave Band Analyses of Stimuli at Measurement Position 

Each of the seven stimuli used in this experiment was measured both electrically 

and acoustically. Discussions of the electrical 1/3 octave band analyses provided a 

description of the frequency components of each stimulus (Refer to Stimuli section). In 

addition to these measurements, the actual sound at the measurement position was 

analyzed to determine how the speakers reproduced the electrical signal. Refer back to 

Figures 23 to 29 that illustrate the actual 1/3 octave band measurement for each stimulus 

at the measurement position. The results clearly indicate that the 3.5” speaker’s 

frequency response played a significant role in the reproduction of the stimulus. A 

noticeable band-pass effect of between 400 Hz and 8,000 Hz is present as a result of the 

speaker’s design limitations, although frequency response did extend to 125 Hz and 

upwards to 12,000 Hz, but at 30 dB down in relative amplitude. In addition, the speaker 

accentuated frequencies in the 2,500 Hz to 3,150 Hz range, as is evident by a peak in 

frequency response in this region. 

Implications. Since the stimuli used in the experiment did not have a significant 

proportion of frequency components outside of the speaker’s frequency response range, 

the band-pass effect did not appreciably affect the characteristics of the stimuli. 

However, the frequency range that was reproduced by the speakers was directly 

correlated with the at-ear frequency spectrum of the stimuli. 
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All of the voice warnings contained a high proportion of the speech signal within 

the 2,500 Hz to 3,150 Hz range that was affected by the peak in frequency response of 

the speaker in this range; however, the voice warnings also contained frequency 

components in the 125 Hz to 315 Hz range that were not reproduced as well. The 

repeating pattern stimulus used in the experiment also had a major frequency component 

in the frequency range that was amplified. The low-fuel warning and the practice session 

stimulus had the highest number of suppressed component frequencies above 10,000 Hz 

and in the 6,300-8,000 Hz range, respectively, but were not as affected in the lower 

frequencies. 

Five Background Noise Speakers 

Sound pressure levels from the two sets of ambient noise speakers (i.e., three 

located in the front and two located in the rear of the passenger compartment) were 

equalized so that the sound level of the front and rear speakers were equal at the 

measurement position. A similar method of measurement to that used for the 16 stimuli 

speakers was used to accomplish this requirement (i.e., meter placement, pink noise, 

etc.). The initial positions for the ambient noise speakers were selected on the basis of 

providing a relatively uniform ambient noise presentation. This was accomplished 

through trial and error by the experimenter first placing the five speakers throughout the 

vehicle in locations that appeared best for coupling the sound sources to the vehicle and 

providing a uniform sound field. Sound pressure level was then equalized between the 

front and rear. 

Frequency Response. The frequency response of the ambient noise speaker array 

was equalized using the Radio Shack 10-band graphic equalizer and the IE-10A real-time 

spectrum analyzer mounted at the measurement position. The reference signal used was a 

pink noise presented through the array. A + 1.5 dB frequency response was achieved 

within the 63 Hz and 8,000 Hz octave bands. The results of the frequency response 

calibration procedure appear in TABLE 6. Additional measurements were made to 
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ensure that standing waves in the vehicle near the listener's head position were 

minimized. 

Standing Waves. Standing waves are of particular concern in environments where 

there are fixed sound sources (i.e., providing pre-recorded ambient noise from speakers 

instead of from dynamically changing sound sources such as engine components, exhaust 

systems, road surface quality, and wind noise). An attempt to measure and minimize 

these standing waves was included in order to minimize the effect they may have on 

stimulus presentation. 

The criteria for unacceptable standing waves was met if there existed intensity 

differences (notches) greater than 20 dB between adjacent test frequencies at two 

measurement locations around the head. The measurements were made while a 100- 

3,000 Hz sine-wave sweep was presented through the ambient noise speaker array by a 

Fordham FG-202 Function Generator. The two locations were selected to be four inches 

to the left and four inches to the right of the measuring point, or roughly near the pinna of 

each ear of a seated subject. If notches were measured at these positions using the sound 

level meter, the ambient noise speakers were repositioned slightly and a measurement was 

then made again. This procedure required that the frequency of the sine wave be 

manually increased in 10 Hz increments from 100 Hz to 500 Hz and in 100 Hz 

increments from 500 Hz to 3000 Hz. A sound pressure level reading was then recorded 

at each point. The 3000 Hz upper limit was chosen since the major components of the 

background noise are below this upper limit. 

The results of the standing wave procedure were inconclusive due to the limited 

resolution achieved by the manual control dial on the function generator—10 Hz 

increments up to 500 Hz and 100 Hz increments from 500 Hz to 3,000 Hz, and the fact 

that the measurements were made without the influence that a driver’s head and torso 

might have on the test signal. The results of the standing wave detection procedure 

suggest that standing waves would 
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TABLE 6 

Octave-Band Frequency Response of Ambient Noise Speaker Array 
  

  

  

Speakers 

Freq. (Hz) Front (dB) Rear (dB) Both (dB) 

32 0 0 -3 
63 -3 -3 -6 

125 0 -3 -6 

250 -3 -3 -9 

500 0 -3 -6 

1K 0 -3 -6 

2K -3 0 -9 

4K 0 0 -6 

8K -3 -3 -9 

16K -15 -21 -21 
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not play a major role in the environment. Figure 31 illustrates the intensity levels 

exhibited throughout the sweep at the two measurement positions. 

One-Third Octave Band Analysis of Background Noise at Measurement Position 

A 1/3 octave band analysis of the background noise at the measurement position 

was not conducted, since the frequency response of the ambient noise speakers was 

equalized to a known performance level. 
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Figure 31. Results of standing wave analysis (Note change in x-axis scale at 500 Hz). 
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PRELIMINARY EXPERIMENTS 

Prior to the main experiment, two small psychoacoustical experiments were 

conducted to determine the appropriate stimulus presentation level and to equalize 

loudness across each of the seven stimuli. The presentation level and loudness levels 

were both determined within the vehicle background noise used in the main experiment. 

The background noise was presented at approximately 72 dB(A), calibrated at the 

measurement position of the seated subject described below. Due to parallel development 

time of the vehicle set-up and the psychoacoustical experiments, the experiments were 

conducted in a laboratory environment, as opposed to the actual vehicle environment. 

Apparatus 

These experiments used a modified set-up of the main experiment apparatus. The 

Polk Monitor 6II satellite/subwoofer system was used to present the background noise and 

stimuli. The subject was seated 57” from the speaker plane. The two speakers were 

separated by 52”, and were aimed slightly towards the subject. Acoustical measurements 

were made at 42.75” above the floor at the subject’s seating position. This measurement 

height was determined by first measuring the seated ear position height of the subject with 

the longest torso and the subject with the shortest torso and then taking the average 

measurement height for the test measurement position. The frequency response of the 

speakers was equalized at the measurement position using the 10-band graphic equalizer. 

The speakers were placed against a wall of the laboratory and sound absorbing materials 

were positioned to minimize reverberation within the testing area and to simulate the 

environment of the vehicle. The materials included two 6’ office partitions and a free- 

standing foam block approximately 6’ tall. The testing area is illustrated in Figure 32. 
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Preliminary Experiment 1: Subjective Determination of Stimulus Loudness Level 

This experiment was conducted to determine the loudness level at which to play 

the stimuli within the background noise. The experiment allowed 12 subjects to set the 

preferred loudness level of one of the practice session stimuli within the background 

noise. Subjects were recruited from within the workplace and were screened only on the 

requirement that they have no known hearing disorders; an audiometric hearing test was 

not administered. The subject mix consisted of 9 females and 3 males of various ages. 

Age and gender were not proportioned to be equal to that of the experiment, and a 

number of subjects were between the ages of 46 and 55 (within the age range excluded 

from the primary experiment). A factorial experiment with age and gender as additional 

factors was not elected on the basis that only a ‘ball park’ level was desired, and the 

concern was related more to exceptionally high or low stimulus presentation levels. It 

was also on this basis that subject characteristics for the preliminary experiments were not 

required to match exactly those of the actual experiment. 

A method of limits procedure was used where the stimulus was alternately set at 

either a high or low initial level. The presentation order for the high and low sequence 

was balanced between subjects yielding 6 subjects for each ordering. 

Procedure. The subject was instructed to adjust the volume of the sound until it 

was at the desired loudness level for an in-vehicle warning using the designated lever on 

the stereo mixer. A driving scenario where the warning sound might be presented was 

given to the subject. Each subject adjusted the sound from its initial level of high or 

initial low level to the desired setting. After each condition, the subject was asked to step 

out of the testing area so that the sound level meter could be positioned at the 

measurement position. Once the meter was positioned properly, the pink noise replaced 

the stimulus sound source so that a pink noise reference level could be assigned to that 

subject’s response. The meter was then removed and the subject was reseated and given 

the stereo mixer. The second condition was presented after the subject indicated that he 

or she was ready. The pink noise measurement procedure was repeated after the second 

86



condition. This resulted in two data points for each subject. The presentation level 

determined during this experiment for the practice session stimulus was used as the 

reference level and test stimulus for the second pre-experiment. 

Results. The results of this first experiment are shown in TABLE 7. The mean 

response for each condition was averaged across the 6 subjects participating in that 

condition. The mean response (pink noise reference level) across all four conditions was 

74.8 dB or roughly 76 dB(A) for the test stimulus within the 72 dB(A) background noise. 

Discussion. This experiment was successful in determining an acceptable stimulus 

presentation level to use within the background noise of this experiment. The procedure 

accounted for the potential ability to adjust the volume levels of the warning to suit the 

driver’s preference and in doing so, identified some considerations for stimulus loudness 

presentation. 

Presentation order of the high-low initial volume of the stimulus affected the 

preferred level of the stimulus. Presenting the high initial volume setting first yielded 

higher preferred volumes overall, while presenting the lower initial volume setting first 

yielded lower preferred volume settings overall. 

Since a single presentation level was required from this experiment, the mean 

presentation level across each of the four conditions was used. The results of this 

experiment, however, suggest that an adjustable volume setting be allowed for crash 

avoidance warning applications. 

Preliminary Experiment 2: Subjective Equalization of Stimuli Loudness Levels 

Although a sound level meter might show that two sounds are equal in loudness 

on an A-weighted sound pressure level measurement, the sounds may not sound equally 

loud to a listener. This may be due to complex transient components within the sounds 

which are difficult to measure with a meter, or by characteristics such as onset which 

might make a sound appear louder due to instigation of a startle response. For example, 

the existence of noise spikes (e.g., clicks), that are imperceptible to the human ear, may 

87



be picked up by a sound level meter sampling at a higher rate than the human ear causing 

an inflated loudness reading. In addition, complex sounds of equal sound pressure level 

to less complex sounds are perceived to sound louder. Consequently, adjusting each 

stimulus to achieve the same A-weighted sound measurement (dB(A)) at the measurement 

position may result in sounds which still do not sound equally loud to the subject. To 

account for this potential problem, a second pre-experiment study was conducted to 

equate loudness across the stimuli using a subjective method-of-adjustment method. 

Twelve subjects with no history of hearing problems participated in a short 

psychoacoustical study where each of the six experiment stimuli were adjusted in loudness 

to equal the loudness of a seventh stimulus (i.e., method of adjustment). The subject mix 

was equivalent to that utilized in Preliminary Experiment 1. Each subject adjusted the 

sound level of each of the six stimuli (comparison stimuli) until each was perceived to be 

equal in loudness to a test stimulus (i.e., practice session sound). The test stimulus was 

presented at a metered 76 dB(A) (SLM set on SLOW response); The level determined 

from the prior pre-experiment. The background noise was again presented at 72 dB(A) 

during this experiment. For each comparison, both the comparison stimulus (i.e., 

comparison stimuli tested one at a time) and the test stimulus were played one after the 

other. Each sound was presented for approximately 2 seconds with a pause of 

approximately 1 second between the test and comparison sound. The subject was able to 

increase and decrease the level of the comparison stimulus using two separate keys on a 

computer keyboard. The sounds were alternately repeated until the subject indicated that 

the two sounds had been adjusted to equal one another in loudness. 

After the sound had been adjusted to equal the test stimulus, a pink noise was 

played in place of the comparison and test sound at the adjusted levels and a pink noise 

reference level was recorded. Although the level of the test sound was not manipulated, 

the pink noise was measured at the test sound presentation level for calibration purposes. 

The relative difference in pink noise levels for each of the seven stimuli was used to 

adjust the loudness of the sounds in the main experiment. The respective dB(A) 

88



TABLE 7 

Mean Sound Levels (dB) for Pre-Experiment One (n=6) 
  

Order 1 (Low then High) 

  

  

  

Low High Mean 

72.9 74.1 73.5 

Order 2 (High then Low) 

High Low Mean Mean (all conditions) 

77.8 74.4 76.1 74.8 
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level for each stimulus that represented the necessary level to maintain equal subjective 

loudness across the seven stimuli appear in TABLE 8. 
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TABLE 8 

Required dB(A) level to maintain equal subjective loudness across stimuli 
  

  

Stimulus dB(A) 

Low-Fuel Warning 75.7 

Radio Shack Buzzer 79.1 

Repeating Pattern 73.5 

Male Digitized 77,7 

Female Digitized 78.6 

Male Synthesized 81.5 

Practice Session Stimulus 75.9 
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EXPERIMENT PROCEDURES 

Prior to the experiment date, each subject underwent a two step screening 

procedure that began with a phone call screening to determine subject eligibility. Eligible 

subjects were then scheduled to perform an audiometric hearing test, and subjects who 

passed the hearing test were then admitted into the study. The actual 2 hour data 

collection appointment for each subject was scheduled at the subject’s convenience within 

a seven consecutive day period. 

During each data collection session, each subject received an informed consent 

overview, an instructional and training segment, that included joystick calibration and 

practice experimental conditions, a three part data collection phase with rest breaks, and a 

debriefing and payment session. 

Participant Phone Call Screening 

Participants were contacted by phone and screened for age, gender, and driving 

status in order to fulfill the experimental design requirements. Each subject was required 

to hold a current driver's license and drive on a regular basis. The driver’s license was 

also used to verify the age of each subject. The mean ages for the young and mature age 

groups were 25.4 (o=2.1) and 69.4 (o=1.6) years of age, respectively. 

Participant Audiogram Screening 

In addition to the phone call screening requirements, the hearing of these 

individuals was tested, prior to the actual experiment date, using an audiometric hearing 

test procedure. The hearing test procedure and criteria to be met in order to participate in 

the study are described in this section. 

The audiometric test was conducted at the subject’s place of residence using a 

Teledyne Avionics TA-20 computer controlled audiometer. The quietest room in the 

subject’s house was used as the testing area. Therefore, hearing thresholds ((BHL) may 

have been affected by ambient noise within the home, especially at the lower frequencies 
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where the ear muff did not provide sufficient noise attenuation. Corrective hearing 

devices were not allowed to be worn during the hearing test or during the experiment. 

The hearing criteria for participation in the study were selected using the hearing 

threshold graphs, shown in Figure 33, for a large international sample of persons not 

exposed to occupational noise (Spoor, 1967). A liberal criteria was chosen such that a 

minimal number of subjects would be excluded while still eliminating subjects with 

pronounced hearing loss. This was necessary due to the limited number of potential 

candidates in the older subject pool. The dBHL criteria required at each frequency was 

calculated using the graph for males as a reference. This graph was selected since an 

analysis of the audiograms of the four subject groups (1.e., two age groups, male and 

female sub groups) indicated that the audiograms for the female participants tested in each 

age group matched the graph for males more closely than the graph for females. A 

separate method was used to determine the criteria for each age group. Bilateral hearing 

differences at each frequency for each age group were limited to 30 dB. 

Under 45 Age Group Hearing Criteria. For the under 40 age group, a 15 dBHL 

measurement was the maximum allowable hearing threshold level at each of the pure tone 

test frequencies above 1000 Hz. This was selected by using the 8000 Hz curve and 

determining the associated value on the ordinate axis with the 40 Age In Years point on 

the abscissa and then rounding to the nearest 5 dB increment. The 8000 Hz curve was 

selected because of the small range in dBHLs across frequencies at that age, while the 

rounding upwards was performed to compensate for the uncontrolled testing environment. 

In addition to the rounding at higher frequencies, a 25, 20 and 20 dBHL were allowed at 

the 250, 500, and 1000 Hz test frequencies, respectively, because of noticeable noise in 

some test environments that could not be abated (e.g., refrigerator noise, highways, and 

HVAC systems). This additional hearing threshold increase of 10, 5, and 5 dB, at the 

250, 500, and 1000 Hz test frequencies, respectively, was also applied to the 65 and over 

age group hearing criteria discussed below. 
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Figure 33. Hearing dependence on age (presbycusis). Median hearing level of large 

international sample of persons not exposed to occupational noise. All hearing levels 

relative to 25-year-olds with normal hearing (Spoor, 1967). 
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65 and Over Age Group Hearing Criteria. Hearing criteria for the 65 and over 

age group were determined for each of the 7 pure tone test frequencies and for 2 age 

ranges within the group. The two age ranges were 65-69 and 70 and over. Two age 

ranges were necessary due to the age distribution of the older subjects, and the resulting 

difference in expected hearing performance between the subjects. 

The hearing thresholds at each frequency for each age range were determined 

using the 70 Age In Years point on the abscissa for the 65-69 age range, and the 80 Age 

In Years point for the 70 and over range. A 10 dB compensation factor was then added 

to the respective GBHL level for each frequency curve to account for the testing 

environment and the need to create a somewhat liberal criteria for the reasons stated 

above. The additional hearing threshold increase, as applied in the younger age group 

hearing criteria, was also applied. The resulting hearing threshold criteria used during 

subject screening appears in TABLE 9. 

Results. The hearing threshold level curves for each gender in each age group 

were calculated by taking the average hearing threshold for subjects’ better ears at each 

test frequency across all subjects within each age group. The two respective curves for 

each age group appear in Figure 34. 

Only one of the 24 subjects had a bilateral hearing sensitivity difference at any 

test frequency above 20 dB at 25 dB. Two subjects were inadvertently admitted into 

the study who did not meet the hearing criteria. These subjects, however, were 

assumed to have normal hearing and their data were retained in the analysis based on 

several observations: For a 66 year old male subject, his hearing performance easily 

passed the 70’s age group hearing criteria, but failed the 60’s criteria at the 2000, 3000, 

and 6000 Hz test frequencies by 5, 10 and 15 dB respectively; For a 29 year old female 

subject, performance on the better ear and bilateral hearing sensitivity performance 

passed the hearing criteria for the younger age group, even though one ear failed the 

hearing criteria. These two subjects were retained since their hearing performance did 

not indicate pronounced hearing loss that warranted the removal of two additional 

subjects in order to maintain equal sample sizes between cells. 
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TABLE 9 

Hearing Threshold Level (ABHL) Criteria for each frequency in any ear (relative to 

audiometric zero) and maximum bilateral hearing differences at each frequency. 

  

  

  

Age 

Frequency <45 60’s 70’s 

250 25 35 40 

500 20 30 35 

1000 20 30 35 

2000 15 35 45 

3000 15 45 55 

4000 15 50 65 

6000 15 55 75 

8000 15 60 80 

max L-R difference 30 30 30 
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One additional subject failed the hearing criteria at the 500 Hz test frequency for 

one ear by 5 dB, but was allowed to participate in the study due to the limited number of 

participants in the mature subject pool. The data for the audiometric hearing testing 

procedure appear in APPENDIX B in two tables created by age group and sorted by 

gender. Audiogram data points that failed the specified hearing criteria are indicated by 

asterisk. 

Informed Consent 

Subjects allowed to participate in the study were required to read and sign an 

informed consent form once they arrived for the experiment. This form provided a 

description of the purpose of the experiment, the procedures involved, a description of the 

potential risks the subject may be confronted with, a description of the potential benefits 

that the participant may receive, an explanation of the rights to withdraw from the study 

at any time or to withdraw any data for any reason, and the name of the person the 

subject may wish to contact if they have any questions or concerns regarding the study. 

A sample of this form appears in APPENDIX C. 

Instruction and Training 

This portion of the procedure consisted of an instructional phase where the 

experimenter described the necessary tasks the subject would be required to perform 

during the experiment. This was accomplished in verbal form, where the experimenter 

reviewed the instructions with the subject (verbal instructions given to the subject appear 

in APPENDIX D). The subject was first seated in the vehicle and the proper seating 

position was attained before the instruction and training was started. The subject was 

then familiarized with the localization and bridge-spotting tasks, input devices, and 

appropriate method of providing responses. Following the verbal instructional phase, and 

after the subject had the opportunity to ask questions, the practice session was started that 

included joystick calibration and practice experimental trials. 
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Practice Session 

Joystick Calibration. Since the joystick axis was not concentric with the subject's 

head, there was discrepancy between the subject’s perceived location of the sound and the 

direction in which the joystick was pushed. To account for this measurement error, each 

subject was asked to push the joystick in several pre-determined directions to anchor the 

coordinates of the joystick at several points. These anchor points were then used during 

data reduction and transformation to determine the actual subject response relative to the 

vehicle coordinate system. For calibration, each subject was asked to push the joystick 

towards twelve designated points within the vehicle. These twelve points appear in 

TABLE 10. 

Each direction was calibrated three times (not including the practice session 

calibration) during the experiment and an average of these measurements was taken for 

each anchor point for use with that subject’s raw data. The calibration procedure was 

performed three times throughout the experiment to account for joystick input variability 

as a result of increasing familiarity with the task and input device. 

Practice Experimental Conditions. After the calibration procedure, the subject 

was presented with simulated experimental trials, the secondary task, and the background 

noise. For this session, the practice session stimulus (Refer to Stimulus section) was 

presented from each speaker activation mode once for a total of 16 practice treatments. 

The subject was asked to respond by pushing the joystick in the direction of the sound and 

then to press the button once the desired direction of the joystick matched the perceived 

location of the sound. The subjects were instructed to respond as quickly and as 

accurately as possible once they had determined the location of a sound. The secondary 

task was also performed during this portion of the practice session. Subjects were 

allowed to ask questions during the practice session. In addition, the driver’s door was 

left open during the practices session to facilitate answers to subjects’ questions, but was 

closed during data collection. 
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TABLE 10 

Twelve calibration directions within the vehicle 

  

  

Calibration Specific Direction Instructed 

1 the left edge of the windshield 
2 directly in front of you 

3 the center of the windshield 
4 the right edge of the windshield 

5 directly to your right 

6 the center of the right rear door 

7 your right blindspot 

8 the center of the rear window 

9 directly behind you 

10 your left blindspot 

11 the center of the left rear door 

12 directly to your left 
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Experimental Trials and Secondary Task 

Once the practice session had been completed and the subject was comfortable 

with the required tasks, the subject was given a short 1-2 minute break. The subject then 

proceeded with the first calibration routine and continued immediately into the first data 

collection block of 96 trials. After the first data collection block, a 5 minute break was 

given. The second and third data collection blocks followed the same procedure. 

Debriefing and payment followed directly after the third data set. The subject was 

instructed to not ask questions during the experiment unless there were problems or if 

they wished to withdraw from the study. 

The timing of the stimulus presentations were both subject and computer paced. 

The presentation of the stimulus was terminated as soon as a response was registered. At 

this point, the next condition was presented randomly within a 6 second window 

beginning 4 seconds after the last response. Consequently, the proximity of stimulus 

presentations ranged from about 4 to 10 seconds. This presentation window helped 

prevent the subject from timing when the stimulus would be presented. In no instance, 

however, was the subject ever prompted by the experimenter to make a response. 

The subjects were told that identifying 75% of the total number of bridges that 

appeared along the video taped route would earn them a bonus of $5. The TV monitor 

for this task was mounted over the hood of the vehicle, thus requiring the subject to 

maintain a gaze through the front windshield. This task was included primarily to 

encourage the subject to maintain a relatively fixed head position during stimulus 

presentation and throughout the experiment. It also simulated a driving workload to 

minimize the risk of the localization task being given an unrealistic amount of attentional 

effort. The average number of bridges spotted during each of the three data collection 

segments was 23, 15, and 26, respectively. Each data collection segment was 

approximately 20 minutes in length. The entire experiment lasted approximately 1 hour 

30 minutes. 
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Subject Debriefing and Payment 

The study provided subjects with a $45 (including bonus) payment for 

participation. The $5.00 bonus was paid regardless of the subject’s performance on the 

bridge spotting task; however, all subjects performed acceptably on the secondary task. 

The main purpose of the bridge-spotting task (i.e., maintaining head position) was 

withheld from participants until debriefing, and then was only explained if necessary. 
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RESULTS 

Four 3-way mixed factorial ANOVA procedures were conducted in order to 

analyze the four dependent measures of response time, decision time, accuracy, and 

azimuth. Each of these ANOVA designs were identical with the only difference being the 

dependent measure analyzed. The three factors manipulated were Speaker (16 levels), 

Sound (6 levels) and Age (2 levels). Age was nested within subjects, while Speaker and 

Sound were within-subjects variables. Each subject underwent three replications of 96 

unique conditions for a total of 288 experimental conditions (refer to section entitled 

Experimental Design for complete details of the factorial experiment). 

Since the experimental design included within-subject variables, the Greenhouse- 

Geisser € correction was applied to ensure that the sphericity assumption of homogeneity 

of covariance for repeated measures was not violated—violation of this assumption can 

bias the ANOVA test in the positive direction. The Greenhouse-Geisser € factor adjusts 

the degrees of freedom based on the actual amount of heterogeneity present in the 

experiment, thus preventing the test from becoming negatively biased, as might be the 

case when the conservative Greenhouse-Geisser correction is used which assumes 

maximal heterogeneity (Winer, Brown, and Michels, 1991; Keppel, 1991). Statistical 

analyses were conducted using the SAS System for Windows, the SuperANOVA 

Statistical analysis package for the Macintosh, and WINKS Professional Edition (i.e., the 

Windows version of Kwikstat). 

The results of the ANOVA procedures for each of the four dependent measures 

are discussed separately. Data reduction performed for each measure prior to the analysis 

is described first, followed by the results of the overall analysis. Significant main effects 

and interactions are then discussed in detail and conclusions derived. 

Since the presence of interactions involving significant interacting main effects 

complicates the interpretation of the main effects alone, only non-interacting significant 

main effects are discussed in addition to the interactions. This applies to higher order 
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interactions, as well, where the analysis of a three way interaction must take precedence 

over interacting main effects and two-way interactions. Exceptions to this rule are made 

when an analysis of an interaction can be simplified through inspection of an interacting 

main effect. This will occur when the choice of the simple-effects to analyze using the 

simple-effects F-test requires an understanding of an interacting main effect to replace the 

partially redundant information forfeited by disregarding the complimentary set of simple- 

effects. For example, for a significant Speaker-by-Sound interaction, the simple effects of 

Sound at each level of Speaker could be analyzed instead of the simple effects of Speaker 

at each level of Sound. The main effect of Speaker could then be subjected to post-hoc 

tests in order to further explain the interaction. This method allows the most meaningful 

simple-effects to be thoroughly investigated without forfeiting key information. 

Significant interacting main effects and interactions are also discussed when they aid in 

drawing overall conclusions for the ANOVA procedure. 

RESPONSE TIME 

Data Reduction 

The response times for the each of the 96 treatment conditions were attained by 

averaging the response times across the three replications for each condition. Missing 

values were substituted with the mean of the remaining two times. Missing values 

occurred for 23 of the 6912 (288 x 24) conditions, but no more than 1 of the 288 

conditions for each subject was lost for any one subject. Since four dependent measures 

were recorded for each condition, missing values were also substituted in the same 

fashion for the other three dependent measures (i.e., decision time, accuracy and 

azimuth). 

Overall Analysis 

TABLE 11 contains the ANOVA summary table for the response time dependent 

measure. Using the Greenhouse-Geisser correction where appropriate, the main effects 

of Age {F(1,22)=11.280, p=0.0028}, Sound {F(5,110)=7.083, p=0.0010}, and 
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TABLE 11 

ANOVA Summary Table for Response Time 
  

  

Source af MS F Pp G-Ge G-Gp 

Between-Subjects 

Age 1 135.024 = 11.280 0.0028 

Subjects(Age) 22 11.970 

Within-Subjects 

Sound 5 6.365 7.083 < 0.0001 0.486 0.0010 

Sound x Age 5 0.908 5.050 0.0003 0.486 0.0064 

Sound x Subjects(Age) 110 0.180 

Speaker 15 3.067 18.661 < 0.0001 0.344 < 0.0001 

Speaker x Age 15 0.164 0.996 0.4587 0.344 0.4249 

Speaker x Subjects(Age) 330 0.164 

Sound x Speaker 75 0.146 2.161 < 0.0001 0.153 0.0156 

Sound x Speaker x Age 75 0.080 1.180 0.1434 0.153 0.2998 

Sound x Speaker x 1650 0.068 

Subjects(A ge) 

Total 2303 
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Speaker {F(15,330)=18.661, p<0.0001}, and the interactions of Sound-by-Age 

{F(5,110)=5.050, p=0.0064} and Sound-by-Speaker {F(75,1650)=2.161, p=0.0156} 

were found to be significant at the p<0.05 alpha level. No other interactions were 

found to be significant at the specified alpha level. 

Sound-by-Age Interaction 

A simple-effects F-test was conducted on the Sound-by-Age interaction to 

determine the sources of the interaction. An analysis of the simple-effects of Sound at 

each level of Age and of Age at each level of Sound was performed. The ANOVA 

summary tables for these simple-effects F-tests appear in TABLE 12 and TABLE 13. 

The results indicated that all levels of both variables were significantly different at all 

levels of the other variable. That is, both age groups responded at significantly 

different speeds for each sound, and Sound was significant at each level of Age. A 

Newman-Keuls test was then conducted on the significant simple-effects for Sound to 

determine significant differences between the levels of sound at each age level. Since 

Age had but two levels, no post-hoc analysis was necessary. The results of the 

Newman-Keuls test are incorporated with a graph illustrating the Sound-by-Age 

interaction in Figure 35. Sounds labeled with the same letter were not found to be 

significantly different from one another at the p<0.05 level of significance. 

For the older subjects, response time was significantly slower, by about 0.15 to 

0.20 s, for Sound 2 (buzzer) and Sound 3 (repeating pattern), while the younger 

subjects responded to Sound 1 (low-fuel warning) significantly faster, by about 0.13 to 

0.16 s, than the other sounds. Across the various sounds, the response times between 

the two age groups varied from 0.36 to 0.57 s. 
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TABLE 12 

Simple-Effects F-Test Results for Sound at each level of Age for Response Time 
  

  

Age MS F Pp G-Ge GGp 

Young 0.722 4.008 0.0022 0.486 0.0120 

Old 1.459 8.105 < 0.0001 0.486 0.0001 

  

Note: All p-values were calculated using dfnum=5 and dfaen=110. 

All F-ratios were calculated using the MSE=0. 180. 
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TABLE 13 

Simple-Effects F-test Results for Age at each Level of Sound for Response Time 
  

  

Sound MS F Pp G-Ge G-G p 

Low Fuel (1) 31.988 177.712 < 0.0001 0.486 < 0.0001 

Buzzer (2) 30.290 168.280 < 0.0001 0.486 < 0.0001 

Pattern (3) 31.623 175.682 < 0.0001 0.486 < 0.0001 

Male Dig. (4) 16.096 89.421 < 0.0001 0.486 < 0.0001 

Female Dig. (5) 16.981 94.340 < 0.0001 0.486 < 0.0001 

Male Syn. (6) 12.583 69.908 < 0.0001 0.486 < 0.0001 

  

Note: All p-values were calculated using dfnmm=1 and dfaen=110. 

All F-ratios were calculated using the MSE=0.180. 
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Figure 35. Sound-by-Age interaction for Response Time. Sounds labeled with the same 
letter were not found to be significantly different from one another at the p< 0.05 level of 

significance. 
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Sound-by-Speaker Interaction 

Simple-effects F-tests were also conducted on the Sound-by-Speaker interaction 

to identify sources of the interaction. An analysis of the set of simple-effects for Sound 

at each level of Speaker was performed. The simple-effects of Speaker at each level of 

Sound were not investigated. Instead, the main effect of Speaker was analyzed as a 

substitute to simplify the analysis and presentation of the interaction. The ANOVA 

summary table for the simple-effects F-tests for Sound at each level of Speaker appears 

in TABLE 14. 

The results indicated that the simple-effects of Sound were significant at 8 of the 

16 speaker levels. A Newman-Keuls test was conducted on each of these significant 

simple-effects for Sound to determine significant differences between the levels of Sound 

for these speakers. Figure 36 illustrates the interaction combined with Newman-Keuls 

results labeled for significant simple-effects of Sound at the respective speaker locations. 

Sounds within each speaker location labeled with the same letter were not found to be 

significantly different from one another at the p<0.05 level of significance. 

The Newman-Keuls test results for the significant simple-effects of Sound at 

Speaker conditions 5, 10, 11, 12, 14, 15, and 16 indicate a strong speaker interaction 

with the repeating pattern and buzzer (Sounds 2 and 3) acoustic warnings. In these cases, 

at least one of these two sounds were responded to significantly slower than the rest of the 

group. For the Speaker 13 and 15 conditions, however, the voice warnings tended to 

perform worse as a group and Sound 3 performed similarly to Sound 1. 

General observation of the plotted interaction indicates that voice warnings as a 

group usually outperformed the acoustic warning group at each speaker condition; 

however, voice warnings tended to perform poorer as a group at the Speaker 13 and 15 

conditions. It is also evident that the combination speaker levels (i.e., 13 through 16) 

tended to result in significant sound interactions. Since no simple-effects were found for 

the remaining speaker levels, the analysis proceeded to the Speaker main effect to 

complete the analysis of the Speaker-by-Sound interaction. 
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TABLE 14 

Simple Effects of Sound at Each Level of Speaker for Response Time 
  

  

Speaker MS F Pp GGe GGp 

1 0.135 1.985 0.0079 0.153 0.1166 

2 0.093 1.365 0.2346 

3 0.091 1.342 0.2438 

4 0.032 0.467 0.8014 

5 0.245 3.610 0.0030 0.153 0.0139 

6 0.157 2.308 0.0421 0.153 0.0770 

7 0.136 2.007 0.0749 

8 0.063 0.922 0.4655 

9 0.063 0.920 0.4669 

10 0.458 6.728 < 0.0001 0.153 0.0002 

11 0.451 6.626 < 0.0001 0.153 0.0003 

12 0.185 2.722 0.0186 0.153 0.0449 

13 0.608 8.937 < 0.0001 0.153 < 0.0001 

14 0.214 3.143 0.0079 0.153 0.0258 

15 0.189 2.779 0.0166 0.153 0.0417 

16 0.348 5.124 0.0001 0.153 0.0019 

  

Note: All p-values were calculated using dfnm=5 and dfden=1650. 

All F-ratios were calculated using the MSE=0.068. 
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Figure 36. Sound-by-Speaker interaction for Response Time. Newman-Keuls results 

labeled for significant simple-effects of Sound. 
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Speaker Main Effect 

The significant main effect of Speaker was analyzed using the Newman-Keuls 

procedure. The results of this procedure appear in TABLE 15. Since many speaker 

levels interacted with sound, the results of the Sound-by-Speaker analysis must be 

considered with the Speaker main effect results discussed here. 

From the Newman-Keuls results, it appears that the best performing speakers 

were those that did not interact with sound. Speakers 1, 3, 4,5, 8, 9 and 14 were among 

the speakers responded to the fastest. Despite the poor performance of Sound 2 at 

Speaker 5 and 14, these speakers still performed extremely well. This supports the 

observation that Sounds 2 and 3 performed less well overall. At the extremes, Speakers 

1 and 9 situated on the left A-pillar performed the best, while the Speaker 13 combination 

(i.e., both A-pillars) performed the worst. 

Furthermore, response time was fastest for speakers located on the left (both 

speakers) and right (top speaker) A-pillars, left and right B-pillars, and on the right A- 

and C- pillar combination. These speakers were either in front of or directly to the left or 

right of the subject. The speaker combinations as a group were responded to slower, as 

were speakers located behind the driver. The locations of the speakers are included in 

TABLE 15 in the column labeled Location as Left, Right, Front-L, Front-R, Rear-L and 

Rear-R (i.e., -L and -R designate left or right corners for the front and rear). The poorer 

performance of the Speaker 2 condition is notable since its position, centered with the 

windshield and above the rear-view mirror, is considered a likely location for an alarm 

housing. It also was slowest to respond to for speakers located in-front of the driver. 

The poor performance of the Speaker 13 condition is also notable since even though the 

speakers used for this combination ranked high independently, combined they performed 

worse than any other speaker condition. 

Finally, with the exception of the Speaker 13 and 15 conditions, significant 

simple-effects appeared to have been influenced by poor performance of Sounds 2 and 3. 

Furthermore, although the simple-effects of Sound were not found to be significant at all 

speaker levels, Figure 36 indicates that Sounds 2 and 3 performed poorly overall. 
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TABLE 15 

Newman-Keuls Results for Speaker Main Effect for Response Time 
  

Mean Speaker Location Newman-Keuls 

  

(s) Grouping 

1.0111 9 Front-L A 
1.0117 1 Front-L A 

1.0627 8 Left AB 

1.1002 3 Front-R ABC 
1.1030 5 Rear-R ABC 
1.1070 14 ~~‘ Right ABC 

1.1460 4 Right ABCD 
1.1690 10 + Front-R BCD 

1.1861 11 Rear-R BCD 

1.2023 2 Front BCDE 
1.2180 16 ~— Lett CDE 

1.2249 6 Rear CDE 

1.2733 12 Rear-L DEF 
1.38350 15 Rear EF 

1.3562 7 Rear-R F 
1.5863 13 ~+Front G 

  

Note: Means with the same letter are not significantly different at p=0.05. 

MSE=0.164, df=330 
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DECISION TIME 

Data Reduction 

The decision times for the each of the 96 treatment conditions were attained by 

averaging the decision times across the three replications for each condition. Missing 

values were substituted with the mean of the remaining two times, as discussed 

previously. 

Overall Analysis 

TABLE 16 contains the ANOVA summary table for the decision time dependent 

measure. Using the Greenhouse-Geisser correction where appropriate, the main effects 

of Sound {F(5,110)=9.074, p=0.0001} and Speaker {F(15,330) = 13.099, p<0.0001}, 

and the interactions of Sound-by-Age {F(5,110)=4.747, p=0.0078} and Sound-by- 

Speaker {F(75,1650)=2.217, p=0.0178} were found to be significant at the p<0.05 

alpha level. No other interactions were found to be significant at the specified alpha 

level. 

Sound-by-Age Interaction 

The simple-effects F-test was conducted on the Sound-by-Age interaction. An 

analysis of the simple-effects of Sound at each level of Age and of Age at each level of 

Sound was performed. The ANOVA summary tables for these simple-effects F-tests 

appear in TABLE 17 and TABLE 18. 

The results indicated that all levels of both variables were significantly different 

at all levels of the other variable. That is, both age groups made their localization 

decision at significantly different speeds for each sound, and Sound was significant at 

each level of Age. A Newman-Keuls test was then conducted on the significant simple- 

effects for Sound to determine significant differences between the levels of Sound at each 

Age level. Since Age had but two levels, no post-hoc analysis was necessary. The 

results of the Newman-Keuls test are incorporated with a graph illustrating the Age-by- 
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TABLE 16 

ANOVA Summary Table for Decision Time. 
  

  

Source af MS F Pp G-Ge G-Gp 

Between-Subjects 

Age 1 141.643 2.499 0.1282 

Subjects(Age) 22 56.672 

Within-Subjects 

Sound 5 2.369 9.074 < 0.0001 0.504 < 0.0001 

Sound x Age 5 1.240 4.747 0.0006 0.504 0.0078 

Sound x Subjects(Age) 110 0.261 

Speaker 15 4.525 13.099 < 0.0001 0.367 < 0.0001 

Speaker x Age 15 0.237 0.687 0.7978 0.367 0.6481 

Speaker x Subjects(Age) 330 0.345 

Sound x Speaker 75 0.257 2.217 0.0001 0.133 0.0178 

Sound x Speaker x Age 75 0.146 1.254 0.0730 0.133 0.2581 

Sound x Speaker x 1650 0.116 

Subjects(Age) 

Total 2303 
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TABLE 17 

Simple-Effects F-test for Sound at each level of Age for Decision Time 
  

  

Age MS F p G-Ge G-Gp 

Young 1.173 4.49465 0.0009 0.504 0.0089 

Old 2.436 9.3333 < 0.0001 0.504 0.0001 

  

Note: All p-values were calculated using dfum=5 and dfen=110. 

All F-ratios were calculated using the MSE=0.261. 
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TABLE 18 

Simple-Effects F-test for Age at each level of Sound for Decision Time 
  

  

Sound MS F Pp G-Ge GGp 

Low Fuel (1) 39.941 153.030 < 0.0001 0.486 < 0.0001 

Buzzer (2) 30.221 115.789 < 0.0001 0.486 < 0.0001 

Pattern (3) 32.622 124.988 < 0.0001 0.486 < 0.0001 

Male Dig. (4) 15.648 59.955 < 0.0001 0.486 < 0.0001 

Female Dig. (5) 14.101 54.026 < 0.0001 0.486 < 0.0001 

Male Syn. (6) 15.309 58.654 < 0.0001 0.486 < 0.0001 

  

Note: All p-values were calculated using dfnum=1 and dfaen=110. 

All F-ratios were calculated using the MSE=0.261. 
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Sound interaction in Figure 37. Sounds labeled with the same letter were not found to be 

significantly different from one another at the p<0.05 level of significance. 

The results of the decision time analysis reveal a similar trend in sound 

performance as found with response time. For the older subjects, decision time was 

significantly slower for the buzzer and repeating pattern sounds, and the younger subjects 

again responded to the low-fuel warning stimulus significantly faster than the other 

sounds. The decision times were approximately 0.8 s longer than the response times for 

both age groups and all sounds. 

Sound-by-Speaker Interaction 

A simple-effects F-test was conducted on the Sound-by-Speaker interaction for 

decision time to determine the sources of the interaction. An analysis of the simple- 

effects of Sound at each level of Speaker was performed. The ANOVA summary tables 

for these simple-effects F-tests appear in TABLE 19. 

The results of the simple-effects F-tests indicated that the simple-effects of Sound 

were significant at 5 of the 16 speaker levels. A Newman-Keuls test was conducted on 

each of the significant simple-effects for Sound to determine significant differences 

between the levels of Sound at each Speaker level. The results of the Newman-Keuls 

tests are incorporated in Figure 38. 

The results are similar to those found with the response time analysis. Poor 

performance of Sounds 2 and 3 resulted in simple-effects at several speaker conditions 

and was the primary cause of the Sound-by-Speaker interaction. With the exception of 

Speaker 13, these two sounds performed significantly worse than the rest of the sounds. 

The difficulty in localizing the sounds using Speaker 13 is again evident; however, Sound 

1 significantly outperformed the group at this location, scoring nearer to the average for 

the remaining speaker conditions. 
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TABLE 19 

Simple Effects of Sound at Each Level of Speaker for Decision Time 
  

  

Speaker MS F p G-Ge GGp 

1 0.213 1.8359 0.1028 

2 0.152 1.3112 0.2565 

3 0.207 1.7880 0.1121 

4 0.236 2.0338 0.0712 

5 0.290 2.5000 0.029 0.133 0.1153 

6 0.139 1.2006 0.3065 

7 0.122 1.0543 0.3841 

8 0.115 0.9950 0.4193 

9 0.068 0.5861 0.7107 

10 0.641 5.5289 < 0.0001 0.133 0.0196 

11 1.009 8.6948 <0.0001 0.133 0.0035 

12 0.426 3.6701 0.0026 0.133 0.0567 

13 0.828 7.1341 << 0.0001 0.133 0.0081 

14 0.501 4.3194 0.0007 0.133 0.0388 

15 0.250 2.1575 0.0563 

16 1.030 8.8816 <0.0001 0.133 0.0032 

  

Note: All p-values were calculated using dfnun=5 and dféen= 1650. 

All F-ratios were calculated using the MSE=0.116. 
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Figure 38. Sound-by-Speaker interaction for Decision Time. Newman-Keuls results 

labeled for significant simple-effects of Sound. 
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Speaker Main Effect 

A Newman-Keuls test was performed on the Speaker main effect from the overall 

analysis and the results appear in TABLE 20. Once again, care must be taken in 

interpreting these results, since the Speaker-by-Sound interaction is present. The test, 

however, does provide a general ranking of the speakers based on overall performance 

with the six sounds. The results of the Newman-Keuls test are similar to those found for 

response time: Speakers 1 and 9 performed best, Speaker 13 performed worse, and 

speakers in front or directly to the left or right of the subject performed better as a group 

than speakers located behind the subject. 

Overall, there were less significant differences in decision time between the 

speaker conditions than there were for response time. This is evident by the number of 

Newman-Keuls groupings generated for each analysis. A notable difference between the 

response time and decision time Newman-Keuls test results for the Speaker main effect is 

the inclusion of the Speaker 2, 10 and 16 conditions into the fastest ranked group when 

performance is based on decision time. 
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TABLE 20 

Newman-Keuls Test on the Speaker Main Effect for Decision Time 
  

Mean Speaker Location Newman-Keuls 

  

(s) Grouping 

1.7417 1 Front-L A 

1.7527 9 Front-L A 
1.8272 3 Front-R AB 
1.8652 8 Left AB 

1.8903 5 Rear-R AB 
1.8951 10 Front--R AB 

1.9327 14 ~~ Right ABC 

1.9375 2 Front ABC 

1.9527 16 ~—s+Left ABC 

1.9814 4 Right BC 
2.0080 6 Rear BC 
2.0300 11 Rear-R BC 
2.1165 12 Rear-L CD 
2.1979 7 Rear-R D 

2.2099 15 Rear D 

2.4094 13 Front E 

  

Note: Speakers with the same letter are not significantly different (yp <0.05). 

Calculations based on MSE=0.116 and df=1650. 
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ACCURACY 

Data Reduction 

The x- and y-coordinates of all joystick positions recorded during the experiment 

were transformed to an azimuth heading where a 0° azimuth corresponded to a direction 

of the joystick that was anchored at directly in front of the subject’s head and a 90° 

azimuth corresponded to a direction that was anchored directly to the right of the subject. 

Transformation of the x- and y-coordinates to an azimuth direction involved mapping the 

passenger compartment relative to the 12 anchor points collected during joystick 

calibration, and then determining where each response fell within the coordinate space. 

Since no two subjects assigned exactly the same coordinate points for each of the 

12 anchor points requested, a unique mapping of the passenger compartment was 

performed for each of the 24 subjects. The twelve anchor points recorded during each of 

the 3 calibration sessions were averaged for each subject and were then mapped to the 

passenger compartment. This procedure ensured that variations in joystick positioning 

for the same desired direction across subjects was minimized. 

Each of the 288 x- and y-coordinate pairs for each subject were converted into an 

azimuth value and their absolute deviation in degrees from the correct speaker azimuth 

determined the accuracy of the response. Deviations were averaged across the three 

replications for each of the 96 conditions and the average was used as the dependent 

measure for the 3-way ANOVA. Descriptions of the twelve anchor points appear in 

TABLE 10, while azimuths corresponding to the stimulus speakers appear in the TABLE 

5 for reference. 

Overall Analysis 

TABLE 21 contains the ANOVA summary table for the accuracy dependent 

measure. Using the Greenhouse-Geisser correction where appropriate, the main effects 

of Sound {F(5,110)=7.141, p=0.0002} and Speaker {F(15,330)=16.071, p<0.0001}, 

and the interactions of Sound-by-Speaker {F(75,1650)=2.379, p=0.0042} and Sound- 
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TABLE 21 

ANOVA Summary Table for Accuracy 
  

  

Source df MS F Pp G-Ge G-Gp 

Between-Subjects 

Age 1 16466.349 1.695 0.2064 

Subjects(A ge) 22 9713.322 

Within-Subjects 

Sound 5 1915.945 7.141 < 0.0001 0.641 0.0001 

Sound x Age 5 446.647 1.665 0.1491 0.641 0.1794 

Sound x Subjects(Age) 110 268.314 

Speaker 15 24025.089 16.071 < 0.0001 0.282 < 0.0001 

Speaker x Age 15 =. 2829.848 1.893 0.0231 0.282 0.1145 

Speaker x Subjects(Age) 330 1494.973 

Sound x Speaker 75 487.166 2.379 < 0.0001 0.180 0.0042 

Sound x Speaker x Age 75 362.419 1.770 0.0001 0.180 0.0446 

Sound x Speaker x 1650 204.750 

Subjects(Age) 

Total 2303 
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by-Speaker-by-Age {F(75,1650)= 1.770, p=0.0446} were found to be significant at the 

p<0.05 alpha level. No other main effects or interactions were found to be significant at 

the specified alpha level. 

Sound-by-Speaker-by-Age Interaction 

Since this ANOVA revealed a 3-way interaction, analysis and interpretation of the 

significant results were again focused on this highest order interaction, as discussed 

previously. 

The simple-interactions comprising this 3-way interaction were analyzed to help 

isolate the causes of the interaction. The selection of the simple-interactions to analyze, 

however, was simplified by the absence of significant Sound-by-Age and Speaker-by-Age 

interactions from the overall analysis. Therefore, attention was focused on the Sound-by- 

Speaker simple-interaction for further analysis. Furthermore, since the 3-way Speaker-by 

Sound-by-Age interaction was present, while significant two way interactions with the 

Age effect and a significant main effect for Age were not present, an obvious strategy was 

to analyze the Sound-by-Speaker interaction separately for each age group. That is, a 2- 

way ANOVA on Sound and Speaker was performed for each level of age. This strategy 

successfully isolated the probable cause of the significant 3-way interaction. 

Sound-by-Speaker Simple-Interaction 

The results of these 2-way ANOVA procedures indicated a significant Sound-by- 

Speaker interaction for the younger subjects {F(75,1650)=2.8585, p=0.0005}, but no 

significant interaction for the older subjects {F(75,1650)= 1.2908, p=.2122}. Since the 

Speaker-by-Age interaction from the overall analysis and the Speaker-by-Sound 

interaction for the analysis of the older age group were not significant, it is reasonable to 

conclude that the significant Speaker-by-Sound interaction for the younger age group was 

the probable cause of the Sound-by-Speaker-by-Age interaction. 
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Sound-by-Speaker Simple-Interaction (Younger Age Group) 

Based on the 2-way ANOVA results, the Sound-by-Speaker interaction for the 

younger age group was identified as the probable cause for the 3-way interaction and was 

subjected to further analysis. At this point, the general strategy for analyzing this 

interaction followed that which was used for previous 2-way interaction analyses. 

Simple-effects F-tests for Sound were performed at each level of Speaker for the younger 

age group to determine simple-effects. Newman-Keuls post-hoc tests were then 

conducted on each significant simple-effect to determine differences between the levels of 

sound. 

The results of the simple-effects F-tests for Sound at each level of Speaker appear 

in TABLE 22. The results indicated a simple-effect for Sound at speaker levels 1, 2, 7, 

8, 12, 13 and 16. Figure 39 illustrates the Speaker-by-Sound simple-interaction for the 

younger age group along with the results of the Newman-Keuls analysis. The Newman- 

Keuls analysis showed that the repeating pattern and buzzer were generally poorer 

performers. Exceptions to this trend occur at speaker levels 8 and 16, where the voice 

warnings performed worst as a group and the repeating pattern performed best, 

respectively. Once again, since a significant Sound-by-Speaker interaction was not 

present for the older age group, as well as interactions with Age from the overall 

analysis, these simple-effects appear to have resulted in the significant 3-way interaction. 

Sound and Speaker Main Effects 

Keeping in mind the results of the 3-way interaction analysis, analyses of the 

Sound and Speaker main effects were performed to help construct overall conclusions for 

the accuracy dependent measure. A Newman-Keuls test was performed on the Sound and 

Speaker main effects to determine significant differences between the levels of each main 

effect. A graphical representation of these results can be found in Figure 40 and Figure 

41 for Sound and Speaker, respectively. 
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TABLE 22 

Speaker-by-Sound (Young) Simple-Effects for Sound at each Speaker Level for Accuracy 
  

  

Speaker MS F P G-Ge GGp 

1 1532.609 7.48527 < 0.0001 0.180 0.0066 

2 1944.393 9.49642 < 0.0001 0.180 0.0023 

3 458.968 2.2416 0.0479 0.180 0.1354 

4 183.426 0.89586 0.4830 

5 142.687 0.69688 0.6265 

6 198.061 0.96733 0.4367 

7 1845.444 9.01316 < 0.0001 0.180 0.0029 

8 1056.584 5.16036 0.0001 0.180 0.0238 

9 169.623 0.82844 0.5293 

10 354.816 1.73292 0.1239 

11 236.876 1.1569 0.3283 

12 799.023 3.90243 0.0016 0.180 0.0492 

13 434.677 2.12296 0.0601 

14 75.202 0.36729 0.8712 

15 347.598 1.69767 0.1320 

16 912.619 4.45724 0.0005 0.180 0.0356 

  

Note: All p-values were calculated using dfnwn=5 and dfden=1650. 

All F-ratios were calculated using the MSE=204.750. 

129



©
 
o
 

  

    
   
   

A 
A A 80 + B 3 
A ; A 
A A 

70 + AB A A 
AB A 7 ; 
B 
C A AB 

60 + AB BC 
A 

A BC AB A 
50 4 

Ac
cu
ra
cy
 

(d
eg

s.
) 

wo 
o~

 
o
 

Oo 
np
 

o
 1 t 

ol
s 

oO
 A        

o
_
O
 

12 13 14 15 16 

Speaker 

Figure 39. Sound-by-Speaker Simple-Interaction for Younger Age Group for Accuracy. 

Newman-Keuls results labeled for significant simple-effects of Sound. 

130



  40 

35 +   

30 +4 

1)
 

on
 1 

15 4 

M
e
a
n
 
De

vi
at

io
n 

(d
eg
s.
) 

nN oO
 

        
1. Low Fuel 2. Buzzer 3. Pattern 4. Male Dig. 5. Female Dig. 6. Male Syn. 

Sound 

Figure 40. Sound Main Effect for Accuracy. Sounds labeled with the same letter were not 

found to be significantly different from one another at the p<0.05 level of significance. 
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Figure 41. Speaker Main Effect for Accuracy (Speakers labeled with the same letter were 
not found to be significantly different from one another at the p<0.05 level of 

significance; second series represents standard deviation for each speaker’s accuracy). 
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As expected, the Sound main effect analysis showed a significant difference 

between Sound 2 and Sound 3 and the remaining four sounds. These two sounds were 

less accurately localized, although by only about 5 degrees from the best performing 

Sound 1. The voice warnings, on the other hand, performed well as a group and did not 

perform significantly different than Sound 1 (i.e., Low-fuel warning). 

The Speaker main effect analysis showed that the Speaker 13 and 16 combination 

speaker levels performed significantly less accurate than the rest of the speaker levels. 

The remaining levels performed similarly. The Newman-Keuls analysis generated three 

groupings of non-significantly differing speaker levels for the remaining speakers. As an 

indication of the close performance among speakers, the best performing speaker level 

(Speaker 14) did not significantly differ from the next 11 best performing speaker levels. 

The intermediate performance level was attained by Speakers 7 and 12. This highlights 

the fact that even though the accuracy range between these 12 speaker levels was 

approximately 15 degrees, standard deviations were high for many of the scores. The 

standard deviations calculated for each speaker condition are also illustrated in Figure 41 

as a second series. 

Descriptive Statistics 

It is also useful to analyze the accuracy data using descriptive statistics. In 

general, these statistics allow the overall distribution of accuracy scores to be taken into 

account to ensure that the better performing conditions found through the ANOVA 

procedures performed well overall. Specifically, the accuracy of the desirable speaker 

and sound conditions should not represent a bimodal distribution where a reasonably 

acceptable accuracy score (i.e., low mean deviation from correct azimuth) is recorded in 

the presence of numerous front-to-back reversal responses (i.e., 90° or greater away from 

correct response). Stated differently: The responses for a particular condition could be 

both directly on target and completely off target, with a low proportion of responses 

falling in the middle; this may be the case with sound and speaker combinations with a 
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high tendency for front-to-back/left-to-right reversals. The descriptive statistics included 

below attempt to prevent a choice of speaker and sound conditions that incur this 

problem. 

The most meaningful and useful descriptive statistic for the study data is the 

proportion of responses at different accuracy levels for each sound at each speaker 

location. To provide this information, six graphs were created, one for each sound, that 

contained the specified information for that sound at each of the sixteen conditions. Two 

of these six graphs can be found in Figure 42 and Figure 43. The remaining four graphs 

can be found in APPENDIX E. Bin sizes of 15° and 45° were selected for the first 3 and 

last 3 bins, respectively, to encompass the accuracy range from 0° to 180° (absolute 

deviation values). The cumulative proportion of responses across the 6 bins is indicated 

on the y-axis. 

The advantage of this information is the immediate visual presentation of the 

overall performance of each sound at each speaker condition. The proportion of 

directional reversals is also evident with these graphs. For example, a condition with a 

high percentage of responses in a direction 135° to 180° (i.e., a reversal of direction) 

from the correct azimuth is easily recognized, since the proportion of these responses 

are coded as a white box at the top of the respective bar charts. 

These graphs are used in the Discussion section to provide additional 

information for the assessment of Speaker and Sound performance. 
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AZIMUTH 

Data Reduction 

The x- and y-coordinates of all joystick positions recorded during the experiment 

were transformed to an azimuth heading where a 0° azimuth corresponded to a direction 

of the joystick that was anchored at directly in front of the subject’s head and 90° azimuth 

corresponded to a direction directly to the right of the subject. Transformation of the x- 

and y-coordinates to an azimuth direction involved mapping the passenger compartment 

relative to the 12 anchor points collected during joystick calibration and then determining 

where each response fell within the coordinate space (Refer to Accuracy section). The 

location of each response in the coordinate space (0°-360°) was then used as the 

dependent measure for the ANOVA for azimuth. The purpose of this analysis was to 

determine how well the respective speaker locations provided a cue to the intended 

speaker azimuth direction. 

An additional transformation of the data was required to account for speaker 

responses that were clustered near 0°. This was necessary to avoid responses such as 2° 

and 355° to be calculated in the ANOVA as differing by 353° instead of only 7°, 

assuming the correct direction was between 2° and 355°. To avoid this problem, all 6912 

responses were plotted by speaker and azimuth, and speaker responses that were affected 

were identified. These responses were then assigned a value of 361° and higher to create 

a continuous interval scale for each speaker. A similar transformation was required for 

the Newman-Keuls post-hoc tests, which involved creating an additional mean 

representing responses above 361°. Although the critical differences could be applied to 

the existing 16 means, the additional mean facilitated analysis and representation. 

Descriptions of the twelve anchor points appear in TABLE 10 and azimuth 

directions corresponding to the stimulus speakers appear in the TABLE 5 for reference. 
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Overall Analysis 

TABLE 23 contains the ANOVA summary table for the azimuth dependent 

measure. Using the Greenhouse-Geisser correction where appropriate, the main effect 

of Speaker {F(15,330)=459.944, p<0.0001}, and the interaction of Sound-by-Speaker 

{F(75,1650) =4.697, p<0.0001} were found to be significant at the p<0.05 alpha level. 

No other main effects or interactions were found to be significant at the specified alpha 

level. 

Sound-by-Speaker Interaction 

Since the ANOVA revealed a 2-way interaction, analysis and interpretation of the 

significant results were again first focused on this interaction. A simple-effects F-test was 

conducted on the Sound-by-Speaker interaction for azimuth. An analysis of the simple- 

effects of Sound at each level of Speaker was performed. The ANOVA summary table 

for these simple-effects F-tests appears in TABLE 24. The results of the tests indicated 

that the simple-effects of Sound were significant at 12 of the 16 speaker levels. A 

Newman-Keuls test was conducted on each of the significant simple-effects for Sound to 

determine significant differences between the levels of Sound at each speaker level. The 

results of the Newman-Keuls tests are incorporated in Figure 44 (Note: The Newman- 

Keuls test failed to find significant differences between sounds for Speaker 11 at the 

p<0.05 significance level, although a significant simple-effect was detected). 

Since the ordering of the means is dependent on the correct azimuth for the 

speaker, the Newman-Keuls ordering of sounds and lettering convention denoting 

significant differences appears directly on Figure 44 for each speaker where a significant 

simple-effect for sound was found. The correct azimuth for each speaker is depicted in 

Figure 45; horizontal lines in this figure mark the respective baseline azimuth for each 

speaker (each horizontal line is labeled with the respective speaker’s number). In some 

cases, a dotted line may have two speakers associated with it (e.g., Speakers 6 and 15). 

These two figures facilitate recognizing the sounds within each speaker condition that 
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TABLE 23 

ANOVA Summary Table for Azimuth 
  

  

Source df MS F Pp GGe GGp 

Between-Subjects 

Age 1 28390.702 3.272 0.0841 

Subjects(A ge) 22 8675.551 

Within-Subjects 

Sound 5 537.282 1.333 0.2557 

Sound x Age 5 666.855 1.654 0.1518 

Sound x Subjects(Age) 110 403.130 

Speaker 15 1279504.821 459.944 < 0.0001 0.221 < 0.0001 

Speaker x Age 15 4914.957 1.767 0.0381 0.221 0.1401 

Speaker x Subjects(Age) 330 2781.869 

Sound x Speaker 75 1681.981 4.697 < 0.0001 0.153 < 0.0001 

Sound x Speaker x Age 75 509.238 1.422 0.0114 0.153 0.1598 

Sound x Speaker x 1650 358.111 

Subjects(Age) 

Total 2303 
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TABLE 24 

Simple-Effects for Sound at Each Speaker Level for Azimuth 
  

  

Speaker MS F Pp G-Ge G-Gp 

1 1225.461 3.42201 < 0.0001 0.153 0.0001 

2 1809.496 5.05289 < 0.0001 0.153 < 0.0001 

3 1042.669 2.91158 < 0.0001 0.153 0.0009 

4 473.894 1.32332 0.0358 0.153 0.2052 

5 423.026 1.18127 0.1415 

6 286.353 0.79962 0.8931 

7 5926.070 16.5481 < 0.0001 0.153 < 0.0001 

8 936.282 2.6145 < 0.0001 0.153 0.0026 

9 931.843 2.60211 < 0.0001 0.153 0.0028 

10 481.037 1.34326 0.0288 0.153 0.1944 

11 1021.081 2.8513 < 0.0001 0.153 0.0011 

12 2109.758 5.89135 < 0.0001 0.153 < 0.0001 

13 1901.879 5.31086 < 0.0001 0.153 < 0.0001 

14 1212.903 3.38695 < 0.0001 0.153 0.0001 

15 1137.010 3.17502 < 0.0001 0.153 0.0003 

16 4848.234 13.5384 < 0.0001 0.153 < 0.0001 

  

Note: All p-values were calculated using dfnum=5 and dfaen= 1650. 

All F-ratios were calculated using the MSE=358.111. 
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Figure 44. Mean Responses for each Sound and Speaker for Azimuth. Newman-Keuls 

ordering of sounds and lettering convention denoting significant differences appear for 

each speaker where a significant simple-effect for sound was found (p< 0.05). 
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performed closest to the correct azimuth. In general, although there was a simple-effect 

for Sound at 12 of the 16 speaker locations, the Newman-Keuls groupings indicate that 

many of these simple-effects were due to differences between the lowest and highest 

ranking sounds in the mean orderings. Furthermore, a maximum of three groupings (i.e., 

A, AB, B) was generated, and one case no significant differences were found. In 

addition, Figure 45 provides a visual representation of the relative difference between 

perceived and actual azimuths and clearly shows that responses were rarely normally 

distributed around the correct azimuth, which indicates a difference between the actual 

and perceived azimuth locations. 

Special Analysis for the Azimuth Dependent Measure 

It should be noted that the overall proximity to the correct azimuth is as important 

as the Newman-Keuls ordering of the sounds for significant simple effects, and of 

primary importance for non-significant simple effects. Therefore, each speaker should 

first be gauged on its ability to present sounds that can be localized as originating from its 

physical azimuth location. Then, the ordering of sounds becomes important to determine 

which sounds are best localized as originating from the respective speaker azimuth. 

In addition to the above analyses, the interacting main effect of Speaker was 

subjected to post-hoc tests to determine the speaker locations that resulted in the same 

(p <0.05) perceptual localization of sounds. The results attained from the Sound-by- 

Speaker analyses above are then applied to the groupings generated by this test to help 

determine the speakers within the group that are best suited for indicating a particular 

hazard direction. 

Speaker Main Effect 

The Newman-Keuls test was performed on the Speaker main effect from the 

overall analysis. The results of the test appear in TABLE 25. The procedure partitioned 

the 16 speaker levels into 8 groups on the basis of having elicited similar perceptual 
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azimuth locations. These groups are presented in blocks of statistically similar speaker 

locations in the column titled Speaker Placement. The direction and number of degrees 

that the mean azimuth response (in column Mean) of the speaker was from the actual 

azimuth location is also specified in TABLE 25 in the column titled Difference. Negative 

values indicate that the mean response was to the left of the speaker while a positive 

response indicated an azimuth to the right of the speaker, when facing the speaker. 

The front center speaker was not grouped with other speakers. It was localized 

approximately 27° to the right of its actual position. The physical location of this speaker 

was unique in the sense that its position, centered above and in front of the rear view 

mirror, was close to the driver and at an angle where the speaker’s axis may have 

projected rearward to a virtual speaker location several degrees to the right of the 

speaker. This may have contributed to the surprisingly poor localization performance of 

the speaker location. 

The first group of speaker conditions consisted of the A-pillars, middle-left A- 

pillar, left A-pillar and left A- and C- pillars. The performance of the combination 

speakers in this group indicate that the member of the speaker pair closest to the driver 

weighted the perceived location of the stimulus in that direction. As a result, the 

combination speakers did not perform as accurately relative to the expected virtual 

direction; about a 74° and 46° difference for the A-pillars and left A- and C-pillars, 

respectively. As a result, both speaker levels were perceived to originate near the left A- 

pillar position. As expected, each of the speakers mounted on the A-pillar were localized 

similarly, due to their close azimuths (within 1° of each other), but further to the left (= 

18°) than intended for both speakers. This position corresponded roughly with the 

driver’s side-view mirror location. 
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TABLE 25 

Newman-Keuls Test on the Speaker Main Effect for Azimuth 
  

  

  

  

  

  

  

  

  

  

  

  

Actual Mean 
Azimuth Response Differ- Newman-Keuls 

Speaker (deg.) (deg.) ence Spk. Location Groupings 
Placement (deg.) 

Front Center 401.1 428.1 27.0 2 Front H 
(Virtual) 

A-pillars 41.1 327.2 -73.9 13 Front A 
Middle Left A-pillar] 338.5 321.8 -16.7 9 Front-L A 
Left A-pillar 339.4 319.4 -20.0 1 Front-L A 
Left A- & C-pillars | 270 315.7 45.7 16 Left A 
Left B-pillar 236.7 256.00 19.3 8 Left B 

Left C-pillar 203.4 213.5 10.1 7 Rear-R Cc 
Left Deck 185.8 160.8 -25.0 12 Rear-L D 
C-pillars 166.8 159.2 -7.66 15 Rear D 

Rear Center 166.8 148.1 -18.7 6 Rear D 
Right Deck 152.1 135.5 -16.6 11 Rear-R E 
Right C-pillar 132.4 124.66 -7.8 5 Rear-R EF 
Right B-pillar 101.1 117.1 16.0 4 _ Right F 
Right A- & C- 90 94.4 4.4 14 Right G 
pillars 
Right A-pillar 65.5 91.5 26.0 3. Front-R G 
Middle Right A- 57.3 87.7 30.4 10 Front-R G 
pillar 

Front Center 41.1 68.1 27.0 2 Front H       

  

Note: Newman-Keuls calculations based on MSE=2781.869 and df=330. 

Speakers with the same letter are not significantly different (p < 0.05). 

Placements within the same box are not significantly different. 
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The left B-pillar was the only member of the next Newman-Keuls grouping, 

followed by the left C-pillar, which was also a single member grouping. Both of these 

speakers were localized fairly well, 19° and 10°, respectively. However, both of these 

speakers were localized to the right of their actual azimuth locations, bringing their 

perceived locations to be closer to directly left and towards the left rear door, 

respectively. 

The next grouping was comprised of the left deck, C-pillars, and rear center 

speaker(s). The left deck speaker was localized approximately 25° to the left of its true 

position, or towards the center of the rear deck. The combination speaker in this 

grouping did not appear to be biased toward any one speaker member of the pair, as 

previously discussed combination speakers had. It was accurately localized to its intended 

position (= 8° to left), and its accuracy was among the best of all the speakers. The rear 

center speaker was localized approximately 19° to the left of the center position, making it 

less accurate than the C-pillars combination. 

The right rear of the vehicle was the location of the next grouping of speakers, 

which included the right deck, and right C-pillar. The perceived location of the right 

deck speaker was about 17° to its left. The right C-pillar was also grouped with the right 

B-pillar from the next grouping. These last two speakers’ perceived locations fell 

between the speakers—although their physical locations were 31° apart, the difference 

between the perceived locations was only about 7°. This location corresponded roughly 

to the middle of the right rear door. 

The right A- and C-pillars, right A-pillar, and middle right A-pillar formed the 

final group of speakers. The combination speaker condition in this group performed the 

best among all the speaker locations. Its mean perceived location was approximately 5° 

to the intended virtual direction. The speakers mounted on the right A-pillar did not 

perform as well as the speakers on the left A-pillar. These speaker were localized 

approximately 25° to 30° to the right of the A-pillar, respectively, or more generally, 

directly to the right of the subject. 
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Azimuth Conclusions 

The Newman-Keuls orderings presented in Figure 44 follow those generated for 

the accuracy dependent measure shown previously in Figure 39. This is not surprising 

since the azimuth dependent measure for the simple-effects of Sound at each Speaker is 

also used in similar form to generate the accuracy dependent measure. Therefore, the 

results for the azimuth dependent measure largely confirm the results found from the 

accuracy analysis. However, of importance in the azimuth analysis is the fact that Figure 

44 and Figure 45 provide a direction of the perceived location relative to the actual 

azimuth location. This established a measure of the ability of each speaker location to 

provide a directional cue to its actual azimuth location, as opposed to strictly measuring 

the accuracy of localization. It also allowed for post-hoc grouping of the speakers that 

represented statistically insignificant perceived locations of sound (See TABLE 25). It is 

these groupings that are of high utility for design applications. 

Therefore, the most meaningful information gathered from the analysis of azimuth 

is from the Newman-Keuls ordering of the Speaker main effect, since the results of the 

Speaker-by-Sound analysis showed relatively insignificant effects between sounds at the 

perceived speaker locations compared to this ordering. The simple-effects of sound at 

each speaker location, however, are discussed where appropriate in the selection of 

speakers based on azimuth (See Discussion). 

PRESENTATION ORDER EFFECTS 

Mean performance was calculated for each of the replicated sets of conditions 

for the response time, decision time and accuracy dependent measures. The results, 

appearing in Figure 46 and Figure 47, indicate small order effects for response time 

and decision time for both young and old age groups, while a somewhat larger order 

effect was found for accuracy for the older age group. 

The range in performance between the three replications for response time was 

only 0.04 s for both age groups, and 0.08 s and 0.13 s for decision time for the older 

147



2.50   

2.24 2.27 

2.00   

  

  

      

  

    
1.50 

< Young 

£ Old 
E 

1.00 

0.50 + 

0.00 +   
RT 1 RT 2 RT3 DT1 DT 2 DT3 

Dependent Measure/Replication 

Figure 46. Mean performance for response time (RT) and decision time (DT) for each 

replicated set of 96 conditions (1,2,3) for each age group (Note: Conditions within each 

set were completely randomized between sets). 
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Figure 47. Mean performance for accuracy for each replicated set of 96 conditions for 

each age group (Note: Conditions within each set were completely randomized between 
Sets). 
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and younger age groups, respectively. Due to anticipated performance variances, these 

small ranges were expected and were controlled by averaging scores across the three 

replications. The most pronounced order effect was an approximate 8° improvement in 

accuracy between the first and third set for the older age group. Upon inspection of 

Figure 47, it appears that with practice the older age group could localize the direction 

of sounds nearly as accurately as the younger age group. It is unclear, however, as to 

whether this improvement was due to better localization performance or increased 

familiarity with the input device. Given this uncertainty, replication proved to be of 

most benefit for this condition and allows for an inference to be made from the 

ANOVA procedure that no significant age effect for accuracy is present. 

4-FACTOR ANOVA RESULTS 

As discussed in the Experimental Design section, a fourth variable, gender, was 

manipulated such that an equal number of male and female participants was achieved in 

each age group. Although gender was not planned to be formally analyzed in this 

experiment, gender was added to the 3-factor ANOVA, post-hoc, resulting in a 4-way 

mixed factorial ANOVA design with gender and age nested within subjects. This 4-way 

ANOVA procedure was conducted on each of the four dependent measures and the results 

were found to be identical to the 3-way ANOVA procedures conducted—no significant 

main effect or significant interactions were identified for gender. APPENDIX F contains 

the 4-way ANOVA summary tables for each of the dependent measures. 
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DISCUSSION 

This section provides separate detailed discussions of the results of the response 

time, decision time, accuracy and azimuth dependent measure analyses. A concluding 

section then summarizes and combines the results by providing recommendations for 

application together with supporting evidence found in the study. 

Although the results are related in many respects, this strategy allows specific 

trends and performance issues found with each dependent measure to be discussed in 

isolation of potential interactions which may complicate the discussion of each measure. 

However, since the measures are inter-related, there are many discussions that apply to a 

variety of results across measures. In these instances, reference is made to the section 

that the discussion was first applicable. This is especially evident in the discussions of 

warning sound characteristics and speaker locations, since these are directly related to the 

localization task. 

RESPONSE TIME 

Sound-by-Age Interaction 

Overall mean response times across sounds for the young and old age groups were 

0.95 s and 1.43 s, respectively (Refer to Figure 35). This initial “orienting” response 

time, based on the movement of the joystick, is comparable to brake reaction times to an 

explicit signal (Lerner, 1993; Olson, Cleveland, Fancher, Kostyniuk, and Schneider, 

1984). However, assuming that the subject determined the direction of the sound prior to 

initiating the joystick movement indicates that the response time measured is a choice 

reaction (response) time, since there are multiple directions in which to select from 

(Wickens, 1984). A braking response, on the other hand, can be considered a simple 

reaction time (i.e., no alternatives to chose between), which can be faster than a choice 

reaction time by as much 0.5 s when the number of choices approaches 10 or more 

(Damon, Stoudt, and McFarland, 1966; cited in Sanders and McCormick, 1987). 
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The similarity in scores, in light of the additional time required to make a choice 

of direction, demonstrates an advantage to auditory directional cues if hazard direction 

has already been determined prior to the response. This indicates that directional cueing 

can take place quickly enough such that a crash avoidance response (e.g., accelerating, 

braking, steering, etc.) can be positively influenced by a-priori directional awareness. 

For the older subjects, response time was significantly slower by about 0.15 s to 

0.20 s for Sound 2 (buzzer) and Sound 3 (repeating pattern) relative to the other sounds. 

The younger subjects, on the other hand, responded to Sound 1 (low-fuel warning) 

significantly faster, by about 0.13 s to 0.16 s, than the other sounds where they 

performed at an equal level. These results are directly related to the frequency 

components of the sounds. As illustrated in the 6 pairs of graphs in Figures 23 to 29, 

Sound 2 and Sound 3 had somewhat narrower range of frequency components, compared 

to the Sound 1 (low-fuel) and Sounds 4 to 6 (voice warnings) 

The interaction between Sound and Age is attributed to the onset of presbycusis in 

the older subjects. Sounds 2 and 3 had both narrower and higher frequency spectra that 

were weighted towards the middle to high frequencies; frequencies that older subjects had 

lost between 10 dB (at 2000 Hz) and 35 dB (at 8000 Hz) hearing sensitivity relative to the 

younger age group. In comparison, the frequency spectra of the low fuel warning had a 

significant number of frequency components between 800 Hz and 2500 Hz, while the 

voice warnings had strong components as low as 400 Hz and in the 1500 to 2500 Hz 

range; a range where presbycusis occurs in significant amounts only in subjects who are 

much older than the present subject group. 

The frequency characteristics of the sounds and the effects of presbycusis are 

directly related to the differences in localization response times between the sounds. 

Since Sound 2 had only a weak component below 800 Hz, the upper limit where ITDs 

can operate effectively, and Sound 3 had no components below this frequency, the 

localization of these warnings relied almost solely on the IAD and monaural cues. 

However, presbycusis effects within the older group were a detriment to the IAD cues 
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because of the loss of sensitivity in the 1500 to 3000 Hz range, where IAD cues operate. 

Furthermore, the IPD cues that can sometimes be extracted from the amplitude envelops 

of a stimulus for frequencies above 800 Hz did not appear to be sufficient to compensate 

for the loss of ITD cues. This may have been the result of presbycusis effects or because 

of insufficient envelop features. 

The influence that monaural cues have on the localization of all the sounds is more 

difficult to establish; however, it is clear that presbycusis would have a direct effect on 

the frequencies between 1000 Hz and 4000 Hz and above where monaural cues have been 

shown to operate. Similarly, the existence and effect of IPD cues resulting from the 

sound envelops can only be hypothesized from inspection of figures in APPENDIX A. 

For the younger age group, who did not show as strong an effect for Sound, it is 

clear that IAD cues and possibly monaural and IPD cues were sufficiently extracted from 

Sound 2 and Sound 3, due to improved hearing sensitivity to the frequency range of the 

two sounds. Finally, the improved response only to Sound 1 for the younger age group, 

and the lack of significance between Sound 1 and the voice warnings for the older age 

group also indicates that localization of Sound 1 may be improved because of better IAD 

cues attained by the younger group for very high frequencies (i.e., over 8000 Hz). This 

latter hypothesis was made since the voice warnings did not have significantly strong high 

frequency components as Sound 1. 

These results and associated discussion of age induced hearing loss and its effects 

on localization performance hold true for the majority of the discussion that follows. As 

such, the frequency components of the sounds highlighted here are referred to in 

subsequent discussions, since they are directly related to all aspects of localization 

performance. 

Sound-by-Speaker Interaction 

Speaker conditions 5, 10, 11, 12, 14, 15, and 16 each had a significant simple- 

effect for Sound. Further analyses indicated a strong interaction between these speakers 
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and Sound 2 and Sound 3—the buzzer and repeating pattern warnings, respectively (Refer 

to Figure 36). In these cases, at least one of these two sounds were responded to 

significantly slower than the rest of the group. These results highlight the overall 

difficulty that these sounds posed on the localization task, due to the frequency 

characteristics of these sounds. 

For the Speaker 13 and 15 conditions, however, the interactions also involved the 

voice warnings. This switching from generally better performance by the voice warnings 

to poorer performance in these conditions is a partial indication of the ineffectiveness of 

presenting the warning sounds using speakers combinations. This is evident when a 

comparison is made between the performance of Speaker 2 and Speaker 13. Although 

both conditions were intended to indicate the same direction, the combination speaker 

condition resulted in more sound interactions, and slower overall response time. This is 

true for the majority of speaker combinations. 

The exception to this finding occurs at Speaker 14, the combination created by the 

right A-pillar (top) and right C-pillar speakers. This combination speaker was the only 

pair of speakers that outperformed the response time of its single speaker equivalent, 

although still not in terms of interactions (i.e., Sound 2 caused a simple-effect for Sound 

at this condition). A possible explanation of the faster response time may be the fact that 

the two speakers within the pair were at an equal distance from the head. As a result, the 

sound image may have appeared better fused compared to the other speaker combination 

conditions, where the sound may not have been fused, and appeared to emanate from the 

speaker closest to the head. The better fusing by the Speaker 14 condition may have 

resulted in a sound source direction that was more pronounced, due to the virtual position 

created by two speakers instead of by a single speaker’s position. 

Speakers 10, 11, and 12 were unique in the sense that these were the only speaker 

conditions where the speaker itself was not aimed directly at the head—Speaker 10, 

although in a direct line of site, was aimed toward the center of the rear window, Speaker 

11 and 12 were mounted in the rear deck of the car. As a result, the poor performance of 
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Sounds 2 and 3 at these speaker positions may be due to the directional nature of these 

sounds, and the lack of low-frequency components to help resolve direction. 

Sound Main Effect 

According to the Newman-Keuls analysis the speakers that were responded to the 

fastest were generally those that did not interact with sound. Speakers 1, 3, 4,5, 8,9 

and 14 were among the speakers responded to the fastest (Refer to TABLE 15). Despite 

the poor performance of Sound 2 at Speaker 5 and 14, these speakers still performed 

extremely well. This supports the observation that Sounds 2 and 3 performed poorly 

overall, but did not reach significance in some conditions. At the extremes, Speakers 1 

and 9, situated on the left A-pillar, performed the best in terms of response time, while 

the Speaker 13 combination performed the worst. The extremely poor performance of 

Speaker 13 indicates that speaker combinations can add confusion to the localization task. 

This is evident by the fact that the component members of the Speaker 13 pair were very 

good performers by themselves, but combined they performed worse than any other 

speaker condition. 

Response time was generally faster for speakers in front of or to the left or right 

of the subject and increased for speakers located rearward. The speaker combinations as 

a group were responded to slower. The poor performance of the Speaker 2 condition is 

notable, since its position, centered with the windshield and above the rear-view mirror, 

is considered a likely location for an alarm housing. It also was slowest to respond to for 

speakers located in-front of the driver. The poor performance of Speaker 2 may be 

attributable to the fact that an initial front-to-back reversal may be experienced. 

DECISION TIME 

The conclusions that can be drawn from the decision time analysis are nearly 

identical in many respects to the response time analysis. However, overall there were 

fewer significant differences in decision time between the Speaker conditions than there 
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were for response time. This is evident by the number of Newman-Keuls groupings 

generated for each Speaker main-effect analysis (TABLE 15 and TABLE 20). 

A notable difference between the response time and decision time Newman-Keuls 

test results is the inclusion of the Speaker 2, 10 and 16 conditions into the fastest ranked 

group based on decision time. The inclusion of Speaker 2 (and possibly 10 and 16) in the 

fastest group based on decision time supports the suspicion that an initial front-to-back 

reversal may have been present that slowed the initial response to that speaker. However, 

since the decision may have been reduced to just two choices, a quicker decision could be 

made once this ambiguity was resolved. This may have compensated for the increased 

initial response time (Note: decision time estimates includes response time). 

The fewer number of significant groupings for the decision time analysis suggest 

that once subjects reacted to the general location of the warning marking their response 

time, deciding the exact location of the warning may have been a more difficult task to 

achieve. This conjecture may mean that for crash avoidance situations which require a 

fast orienting response, only gross estimates of localization are possible. Fine tuning the 

localization of the sound may take more time than available for assessing the hazard 

situation and initiating a crash avoidance maneuver and may not be necessary. This 

suggests that focus should be placed on the response time measure results. 

Another reason for placing less weight on decision time is the fact that the 

decision time measured may have been influenced by the method of inputting the 

response. Although the joystick was extremely good for inputting a gross direction and 

measuring reaction time, the coordination necessary to fine tune the joystick handle 

position may have added additional time not representative of the decision process. 

Moreover, an exact location of the source may have already been identified for some 

conditions prior to initial movement of the joystick, making decision time a mere measure 

of the time needed to position the joystick in a direction corresponding to the perceived 

direction for those conditions. This possibility was known to not always be the case, 

since real-time observation of subjects making responses indicated that a front-to- 
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back/left-to-right reversal was sometimes resolved after initial movement of the joystick 

in the wrong direction. 

ACCURACY 

Sound-by-Speaker-by-Age Interaction 

The 2-way ANOVA procedure on the Sound-by-Speaker simple-interaction from 

the Sound-by-Speaker-by-Age three-way interaction was significant for the younger 

subjects, but no significant interaction was found for the older subjects. Since the 

Speaker-by-Age and Sound-by-Age interaction from the overall analysis and the Speaker- 

by-Sound simple-interaction analysis for the older age group were not significant, it was 

concluded that the significant Speaker-by-Sound interaction for the younger age group 

was the probable cause of the interaction. Further analysis revealed that the significant 

simple-interaction was due primarily to erratic performance by Sound 2 and Sound 3 for 

the respective speaker levels (i.e., speaker levels 1, 2, 7, 8, 13 and 16). Exceptions to 

this trend occur at speaker levels 8 and 16, where the voice warnings performed worst as 

a group and the repeating pattern performed best, respectively. 

These results can be partially explained through examination of the audiograms 

for the two age groups and through the frequency analyses for Sounds 2 and 3. As 

discussed with respect to response time, the loss of sensitivity to frequencies above 

approximately 1500 Hz had a pronounced effect on the speed of localizing Sounds 2 and 

3. However, in the present case with accuracy, it appears that the increased sensitivity of 

the younger age group to these same frequencies caused these sounds to be localized less 

accurately in most cases; the exception being Speakers 8 and 16. It is unclear why the 

increase in sensitivity to certain frequencies caused localization difficulties (besides the 

obvious confusion factor that these frequencies brought forth), and why these difficulties 

were Clustered only on the speakers mounted on the left and front of the vehicle. A 

possible explanation may relate to the fact that several of these speakers had perceptually 

similar localized positions (See Discussion: Azimuth). These perceptually similar 
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locations may have been further blurred due to the increased sensitivity to frequencies 

where IAD cues operate. 

Sound and Speaker Main Effects 

The Newman-Keuls test, performed on the Sound main effect from the overall 

accuracy analysis, showed a significant difference between Sounds 2 and Sounds 3 and 

the remaining four sounds. These two sounds were less accurately localized, although by 

only about 5 degrees from the best performing Sound 1. The voice warnings, on the 

other hand, performed well as a group and did not perform significantly better than Sound 

1 (i.e., low-fuel warning). Further analysis of this main effect with consideration to the 

analysis of the 3-way interaction, revealed that the younger age group’s performance with 

Sounds 2 and 3 was a strong source of the main effect. These results are largely 

explained with the previous discussions of the stimulus frequency characteristics. 

The Speaker main effect analysis showed that the Speaker 13 and 16 combination 

speaker levels performed significantly worse than the rest of the speaker levels. The 

remaining levels performed similarly. The Newman-Keuls analysis generated three 

groupings of non-significantly differing speaker levels for the 16 speakers. As an 

indication of the close performance among speakers, the best performing speaker level 

(Speaker 14) did not significantly differ from the next 11 best performing speaker levels. 

The intermediate performance level was attained by Speakers 7 and 12. This highlights 

the fact that even though the accuracy range between these 12 speaker levels was 

approximately 15° degrees, standard deviations were high for many of the scores. As a 

result, the overall accuracy that a particular speaker exhibits is not as important as other 

factors. 
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Descriptive Statistics 

The results of the graphs depicting the proportion of responses at different 

accuracy levels for each sound at each speaker location provided an overall perspective of 

each experimental condition’s localization performance. In these graphs (Refer to 

Figures 42 and 43 and APPENDIX B), the proportion of responses above 45° should be 

considered an indicator of poor performance. This criterion was chosen since + 45° from 

the correct azimuth should still be sufficient to indicate a general hazard direction within 

the vehicle. Above this level would mean that a severe front-to-back or left-to-right 

reversal could be incurred, which may delay a response to a hazard. 

Upon inspection of the six graphs, it is apparent that Sound 3 incurred the lowest 

overall proportion of 0° to 15° degree responses, as well as the lowest proportion of 0° to 

45° responses. This was followed by Sound 2 which performed slightly better than Sound 

3 in these same regions, but also had a higher proportion of 135° to 180° responses. In 

comparison, Sound 1 performed well across all of these measures. 

The voice warnings also scored well across all of the measures. Although the 

proportion of responses below 45° was comparable with the best performing acoustic 

warning (Sound 1) and the other voice warnings, the total proportion of responses below 

30° for all of the voice warnings was more competitive than Sound 1. 

Given the difficulties that accompany the comparison of 96 different conditions, it 

is more practical and equally effective to further analyze only the best performing acoustic 

and voice warning graphs based on raw accuracy scores, thus eliminating graphs for 

Sounds 2, 3, 5, and 6 (Note: Newman-Keuls post-hoc tests revealed no differences 

between the voice warning accuracy scores within and between age groups, and no 

difference in response time scores within age groups). This would allow final analyses to 

be based on the best auditory warnings from this study. In this case, the performance of 

an acoustic and voice warning can be approximated by either the graph for Sound 1 or for 

Sound 4, since the two type of warnings performed similarly. In addition to the 
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performance highlights mentioned above, the following conclusions can also be derived 

from the graphs for the two sounds (Refer to Figure 42 and Figure 43). 

The digitized male voice performed considerably better at Speaker locations 2, 3, 

4, and 9 for both overall percentage below 45° (equal at Speaker 2), as well as for 

proportion of responses in the higher accuracy bins. These four speaker positions are all 

located in-front of or to-the-right of the driver, which suggests that the pinna, due to their 

orientation relative to these speaker positions, may have been more sensitive to the voice 

warning characteristics when the sound was presented from these locations. This effect 

may have also interacted with the envelop of the voice warnings which contained an onset 

and offset for each repetition of the word “Danger”. It is possible that the orientation of 

the head toward the low fuel warning only allowed a better assessment of ongoing IAD 

and ITD cues. On the other hand, orientation of the head to these speaker locations 

situated in the frontal plane were also provided with repeating onset and offsets, which 

have been shown to be strong enough to supplant other cues for localization. This 

hypothesis assumes that turning of the head toward the sound source provided increased 

sensitivity to the frequencies of the warning sound, which improved detection of the 

transient cues (i.e., onset and offset). 

For the remainder of the speaker locations, the two sounds performed fairly 

closely. Sound 1 had slightly better accuracy for speaker locations on the rear deck. This 

is evident by the higher proportion of 0° to 30° responses. Both sounds performed 

similarly for combination speaker locations. 

As discussed previously, the accuracy of the desirable speaker and sound 

conditions should not represent a bimodal distribution where a reasonably acceptable 

accuracy score (i.e., low mean deviation from correct azimuth) is recorded in the 

presence of numerous front-to-back reversal responses (i.e., + 45° or greater away from 

correct response). Stated differently: The responses for a particular condition could be 

both directly on target and completely off target, with a low proportion of responses 
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falling in the middle; this may be the case with sound and speaker combinations with a 

high tendency for front-to-back/left-to-right reversals. 

Even though the two graphs being considered have shown that approximately 80% 

of all responses are made with an accuracy better than 45°, the 20% of responses over 

45° widely differ. As a result, Figure 48 and Figure 49 were created which depict the 

proportion of responses above 45° in 15° bin increments up to 180° to facilitate 

examination of completely off target responses. 

Based on these two graphs, speakers 6, 7, 9, 12, 13, and 15 exhibit a tendency to 

produce severe reversals of direction (i.e., greater than 150° off target), even with the 

best performing acoustical and voice warnings from this study. The proportion of the 

responses over 135°, however, was less than 6% for speakers 6, 7, 9, 12 and 15, and 

about 15% for the Speaker 13 combination of all the responses. As a final note, adding 

an additional 15° to the acceptance region to the graphs (+ 60° accuracy) results in many 

of the better performing speaker conditions yielding approximately 90% or greater 

responses in the acceptance region. 

AZIMUTH 

The most meaningful information gathered from the analysis of azimuth is from 

the Newman-Keuls ordering of the Speaker main effect (Refer to TABLE 25). Since 

many of the speakers are grouped together in terms of similar perceptual locations, 

speaker recommendations for presenting sounds from a particular direction are somewhat 

flexible to the results found from the previous three analyses—a choice can sometimes be 

made between speakers. In other cases, however, a choice is not available because the 

speaker location may be the only one that fits the direction requirement. 

It was not surprising that several speaker locations were found to elicit the same 

perceptual location at the p<0.05 level of significance. A total of 8 groupings of 

speakers were found for the 16 speaker locations. In application, these groupings suggest 

a certain degree of flexibility in selecting a location for a speaker. 
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Figure 48. Proportion of responses more than 45° from correct azimuth for Sound 1. 

162



100% 

60% 

40% 

Pr
op
or
ti
on
 

of
 
R
e
s
p
o
n
s
e
s
 

(%
) 

20% 

0% 

Figure 49. 

80% - 

  

  

      
    

  

  
1 2 3 4 5 6 7 8 9 

Speaker 

10 11 12 

  

13 14 

  

  
15 

  

  

16 

  

  

10 165-180 

150-165 

0135-150 

0120-135 

0105-120 

090-105 

75-90 

60-75 

45-60     
Proportion of responses more than 45° from correct azimuth for Sound 4. 

163 

 



Since the results of the azimuth analysis are directly related to the results for accuracy, 

similar inferences can be drawn from the effects of warning sound frequency and speaker 

location. Furthermore, since the 8 grouping have been discussed in detail, reference 

should be made to TABLE 25 and associated discussions for the groupings of these 

speakers. The implications of these groupings along with the findings from the other 

three dependent measures are discussed in the following section in order to provide 

recommendations for application. 

RECOMMENDATIONS BASED ON RESULTS 

The results of the overall data analysis revealed that response time, accuracy, and 

azimuth were the key dependent measures of interest. Decision time was not shown to 

differ significantly from the results found with response time, while there was also a 

possibility that the measurement was not a true reflection of the localization task due to 

the input device used. In addition, although critical in determining speaker location 

effectiveness, azimuth was merely a manipulation of the accuracy data and was dependent 

on proper interpretation of the other dependent measures. As a result, the selection of 

auditory warnings is primarily based on response time and accuracy, while the 

recommendation of speaker locations focuses on the azimuth results with a consideration 

for response time and accuracy. 

Auditory Warnings 

Analyses of the response time and accuracy measures showed that Sound 2 and 

Sound 3 posed the most difficulties in localization. This is evident from the number of 

interactions that these sounds were found to be the source of. These difficulties can be 

largely attributable to the frequency characteristics of these warnings, which posed 

problems for both age groups. 

For the older age group, presbycusis was cited as a probable cause of why this 

group responded to these warnings slower. This is substantiated by the fact the younger 
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age group responded to these warnings with no loss in speed relative to the other 

warnings. On the other hand, these sounds posed significant accuracy problems for the 

younger age group, but less so for the older group, which was not expected based on the 

response time results. 

As a result, Sound 2 and Sound 3 are not recommended for use as a crash 

avoidance warning based on localization effectiveness. The remaining sounds performed 

at an equal level for both response time and accuracy measures. The descriptive 

statistics, however, indicate that Sound 4 (male digitized voice) performed marginally 

better than the other voice warnings, while Sound 1 was the best performer overall. 

Based on these results, it is recommended that Sound 1 or Sound 4 be used as 

examples of adequately designed auditory warnings for localization in a vehicle. 

Speaker Conditions 

A speaker location was selected to provide a directional cue for each of the six 

hazard locations listed below: 

Hazard in front of vehicle 

Hazard directly left of vehicle 

Hazard in left rear blind-spot 

Hazard behind vehicle 

Hazard in right rear blind spot 

Hazard directly right of vehicle A
w
r
w
n
r
 

The selection of speaker conditions began with the 8 speaker groupings found in 

TABLE 25. The best candidate speaker location from each group was then selected 

based on response time and accuracy achieved by Sound 1 and Sound 4 at that speaker 

location. The selection of the speaker location to represent each hazard location was then 

selected on the basis of perceived azimuth location relative to the vehicle. A speaker 

selection is indicated for each of the 6 hazard directions followed by a brief reason behind 

the rejection of other candidate speaker locations. 
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For hazards locations in front of the vehicle, Speaker 1 (Left A-pillar) is 

recommended. Speaker 13 (A-pillars) was responded to more than 0.5 s slower (i.e., the 

slowest and least accurate of all the speaker levels). Speaker 9 (Middle Left A-pillar) 

incurred slightly higher reversals of direction in the higher accuracy bins. The perceived 

location of Speaker 16 (Left A- & C-pillars) was weighted towards the speaker closest to 

the subject. Speaker 16 was also slower to respond to by about 0.2 s. 

The performance of Speaker 16 and Speaker 13 indicate the possible confusion 

that can arise when two speakers are used to indicate a hazard direction. Although the 

Speaker 2 condition was expected to produce the best performance for indicating hazards 

in front of the vehicle, its perceived location was approximately 70° azimuth compared to 

an actual azimuth of about 40°. It was also slower to respond to at 1.20 s. In 

comparison, Speaker 1, tied with Speaker 9 (both on Left A-pillar), elicited the fastest 

response at 1.01 s, and was localized at approximately 320° azimuth. Although neither of 

these speakers corresponded closely to the desired direction of 0° azimuth, Speaker 1 was 

a Slightly better choice for indicating this hazard location. 

The Speaker 1 location is also recommended for use when the hazard direction is 

of a non-directional nature. In these instances, attention should be drawn towards 

instrumentation or the forward line-of-sight. 

For hazard locations directly left of the vehicle, Speaker 8 (Left B-pillar) is 

recommended. It performed extremely well for Sound 1 and acceptably well for Sound 4. 

It was the only speaker in this grouping. This speaker achieved the third fastest response 

time; however, accuracy across sounds, although acceptable, was less consistent for all 

warnings (except Sound 1). 

For hazard locations in the left blind spot of the vehicle, Speaker 8 is 

recommended. Speaker 7 (Left C-pillar) incurred a substantial proportion of complete 

reversals, and was also the second slowest responded to speaker location (1.36 s for 

Speaker 7 vs. 1.06 s for Speaker 8). Although Speaker 8 was also selected to indicate 
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hazard locations directly to the left of the vehicle, it was the only acceptable speaker for 

indicating a Left direction. 

For hazard locations behind the vehicle, Speaker 6 (Rear Center) is recommended. 

It was responded to in approximately 1.22 s, compared to 1.27 s and 1.33 s for Speaker 

12 (Left Deck) and Speaker 15 (C-pillars), respectively. Accuracy was also less precise 

with Speaker 12. Speaker 15 was less precise for Sound 4, but was comparable to 

Speaker 6 when Sound 1 was used. 

For hazard locations in the right rear-blind spot of the vehicle, Speaker 5 (Right 

C-pillar) is recommended. Response time to this speaker was approximately 1.10 s, 

while accuracy was extremely good for all sounds. According to the Newman-Keuls 

groupings, Speaker 11 (Right Deck) can also be used to indicate this hazard direction; 

however, it is closer in proximity to the Speaker 6 position in the adjacent grouping. 

For hazard locations directly to the right of the vehicle, Speaker 3 (Right A-pillar) 

is recommended. Although its actual location was at 66° azimuth, its perceived location 

was at 92° azimuth. It was also responded to quickly at 1.10s. The other choices within 

this Newman-Keuls grouping are also appropriate; however, Speaker 3 maintains 

consistency with previous recommendations. For example, the middle of the right A- 

pillar should not be selected if the top of the left A-pillar is recommended and vice versa. 

Similarly, the use of combination speakers should not be mixed with single speaker 

recommendations. 

APPLICATION EFFECTIVENESS 

In combination with the results of this study which show that localization of 

warnings in a vehicle is achievable, the true effectiveness of auditory localization of 

warnings must be measured in an applied situation. This section briefly discusses the 

approach and method of evaluating this effectiveness. 

The ability of auditory localization of warnings in a vehicle to be effective in an 

emergency situation depends primarily on its ability to increase the speed at which 
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hazards are identified and corrective actions initiated. This is due to the fact that the third 

major response time contributing to overall reaction time to a crash situation—the 

performance dynamics of the vehicle in response to a driver’s corrective actions—remains 

relatively constant regardless of whether a crash avoidance warning system is installed. 

Assuming that the speed of carrying out the corrective action is also constant, the speed at 

which the hazard is identified becomes a key measure of effectiveness. A second measure 

of effectiveness is the ability of the system to promote optimal corrective actions or, at the 

least, the same corrective action instigated when auditory localization is not used. These 

two measures of effectiveness—speed of hazard identification and type of corrective 

action—are discussed in the following paragraphs. 

Reaction Time 

Driver reaction time associated with hazard identification can be described as a 

combination of three key processes: 1) Detecting the hazard (i.e., hearing a sound and 

identifying it as a crash warning, 2) recognizing the type/location of the hazard, and 3) 

deciding what corrective action to make. For this discussion, the speed of detecting the 

hazard is assumed to be the same whether or not auditory warning localization is used; 

Although localizing only crash warnings in the vehicle may allow drivers to more readily 

identify a sound localized away from normal warnings as a crash warning. This leaves 

recognition of hazard type/location and deciding on what corrective action to take as key 

processes that may be expedited with auditory localization. 

Using existing accident data, Enke (1979) calculated that roughly a half of all 

accidents could be prevented if the drivers of two vehicles on a collision course initiated a 

corrective action approximately a half to one second earlier. Although the calculation of 

these times was based on several broad assumptions (e.g., pre-impact braking occurred; 

impact speed reduced to 1/2 initial traveling speed), the “0.5 s rule”, as it has become 

known as, is a common core belief throughout the ITS community, even though it is 

viewed by some as unrealistic for some crash situations. If pre-impact braking was not 
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assumed, a range of between 1 and 2 seconds would probably be required (Lund and 

O’ Neill, 1994). 

Based on the estimates of crash prevention due to reductions in reaction time, the 

task of quantifying the effectiveness of auditory localization can be accomplished simply 

by comparing actual simulator/on-the-road response time data to roadway hazards to these 

reductions in response time. This can be accomplished by measuring response time to 

hazards in as little as three conditions—no crash warning system, crash warning system, 

and crash warning system with auditory localization. 

The results from these tests are important, since it is possible in certain situations 

that current crash avoidance warning systems may not perform better than a driver at 

detecting a hazard. Furthermore, it is possible that any increase in speed of detecting a 

hazard provided by a crash warning system may be off-set by system lag in triggering the 

alarm, as well as the time needed by the driver to identify the alarm (e.g., time required 

to hear first utterance of word “DANGER?” or, more simply, to recognize the alarm as a 

crash warning). 

A final consideration is the amount of time required to avoid a crash situation 

given particular vehicle speeds, hazard situations, and vehicle characteristics, as well as 

driver performance. In some cases, it may be calculated that the crash avoidance warning 

system in question cannot provide enough lead-time, even under optimal conditions, for 

the driver to avoid the crash situation. In this case, corrective action must be initiated by 

the crash avoidance warning system if the crash situation is to be avoided. 

Corrective Actions 

Research has shown that drivers are more likely to brake than to steer, although 

the most effective maneuver is often steering alone or a combination of steering and 

braking (Adams, 1994). The effects of a localized auditory warning on corrective actions 

may be both positive and negative and must be investigated. 
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In cases where a crash avoidance warning system may have little advantage in 

terms of response time, an advantage might be provided by promoting an optimal 

corrective action, as a result of localizing the warning sound; however, this trade-off can 

also operate in the reverse manner (i.e., system identified hazard faster than driver, but 

caused the wrong corrective action). Clearly, further research needs to be conducted on 

the driver’s reaction to a localized alarm before such a warning system is implemented. 
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CONCLUSIONS 

This study was successful in identifying which of the six sounds, found to be 

potential warnings for in-vehicle crash avoidance warning devices from a previous study, 

are best localized within the vehicle environment based on speed and accuracy of 

localization. In addition, the study tested various speaker locations within the vehicle on 

their ability to present these sounds, such that the sounds could be localized as originating 

from those speaker locations by both younger and older age groups. The study was also 

successful at identifying speaker locations that performed best and grouped speaker 

positions in terms of providing similar localized positions. The following conclusions and 

recommendations can be made in regard to the four research objectives stated at the 

beginning of this document. 

IN-VEHICLE LOCALIZATION PERFORMANCE 

The results of the study suggest that the implementation of localized in-vehicle 

crash avoidance auditory warnings could be beneficial to the time required to identify 

hazard locations in the vehicle environment. People can quickly localize the general 

direction of warning sounds; however, localization effectiveness depends on proper 

choice of warning sound and presentation location. Otherwise, potentially serious 

problems can occur if poor choices are made. 

The study showed that localization of the warning sounds in a vehicle was not 

error free or highly precise for the warning sounds tested, but was sufficient enough for 

orienting the driver toward a particular hazard location. Although fine localization was 

not measured in this study—a possible limitation being the positioning accuracy of the 

joystick relative to the actual localized direction, the level of localization was adequate to 

conclude that an in-vehicle auditory warning localization system is capable of generating 

discrete localization points in the vehicle for both age groups. 
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The speed at which the subjects localized the better sounds, was on the order of 1 

second, although older subjects took approximately 0.5 seconds longer. This response 

time is comparable to brake reaction time to unexpected roadway events. The similarity 

in light of the additional time required to make a choice of localized direction 

demonstrates an advantage to auditory directional cues, if hazard direction has already 

been determined prior to the response. This indicates that directional cueing can take 

place quickly enough such that a crash avoidance response (e.g., accelerating, braking, 

steering, etc.) maybe positively influenced by a-priori directional awareness. 

Although this study was conducted under a realistic set of conditions, it did not 

include the range of conditions under which real warnings might occur. The single 

seating position, type and positioning of the stimulus speakers, ambient noise, and the 

type of passenger compartment are all some of the conditions that could vary. 

Nonetheless, the study was successful at proving that rapid localization of sounds in the 

passenger compartment of a car is possible under the conditions chosen for the study. 

WARNING STIMULUS DESIGN AND SELECTION 

Analyses of the response time and accuracy measures showed that Sound 2 and 

Sound 3 posed the most difficulties in localization. This is evident from the number of 

interactions that these sounds were found to be the source of. These difficulties can be 

largely attributable to the frequency characteristics of these warnings, which posed 

problems for both age groups. The descriptive statistics, however, indicate that Sound 4 

performed marginally better than the other voice warnings, while Sound 1 was the best 

performer overall. Based on these results, it is recommended that Sound 1 (Low-fuel 

warning from aircraft flight-deck) or Sound 4 (Male digitized voice: “Danger, Danger, 

Danger...”) be used as examples of adequately designed auditory warnings for 

localization in a vehicle. 

In general, voice warnings were generally well localized and responded to 

relatively fast. This is a significant finding since the selection of voice characteristics and 
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message is relatively straight forward compared to the many parameters required for 

acoustical warning design. On the other hand, it was shown that acoustic warnings can 

perform just as well or even better than voice warnings, but must be carefully designed. 

This is indicated by the performance of Sounds 2 and 3 relative to Sound 1. In this study, 

only Sound 1 was acceptable. Therefore, either acoustic or voice warnings can be used if 

properly selected for the purposes of localization. The choice of warning sounds should 

also be screened for the full range of warning attributes, not just localizability, since some 

perceptual attributes may be inadequate or others may supplant the benefits of the warning 

(Tan and Lerner, 1995). 

RECOMMENDED SPEAKER LOCATIONS/SPEAKER COMBINATIONS 

The recommended speaker location to use in order to achieve the desired 

directional cue for each hazard location appears in TABLE 26. However, due to the 

fixed number of speaker locations tested in this study, it should be noted that there is a 

certain amount of flexibility that can accompany these recommendations. This is the 

result of many of the speaker locations performing in a predictable manner based on their 

location. For example, using the Newman-Keuls grouping from TABLE 25, the 

accuracy proportions from Figures 48 and 49, the speaker main-effect graph for accuracy 

in Figure 41, and other findings from the study, other possible speaker locations may be 

interpolated or extrapolated where appropriate. 

Although the combination speaker levels generally performed erratically, the 

speaker combination levels that performed consistently well did not offer specific 

advantages over the single speaker equivalents tested in this study. 
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TABLE 26 

Recommended speaker locations for six hazard locations 
  

  

Hazard Location Speaker Activated Location of Speaker in Car 

Front/Non-directional Speaker 1 Left A-pillar 

Left Speaker 8 Left B-pillar 

Left Rear Blind-spot Speaker 8 Left B-pillar 

Rear Speaker 6 Top center of rear window 
Right Rear Blind-spot Speaker 5 Right C-pillar 

Right Speaker 3 Right A-pillar 
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FUTURE RESEARCH 

Input device. The joystick method was effective in measuring directional 

responses to sound. For future work, there may be advantages to using direct 

measurement of eye or head movement or verbal feedback, which may yield more 

directly meaningful response time measures, as well as more precise directional data. It 

is possible that these measurements schemes may show that localization can occur faster 

or more accurately in a vehicle. 

Speaker selection. One of the more difficult hardware constraints for 

implementing localized auditory warning sounds in the vehicle environment is the ability 

to present a suitable spectrum of sound from a limited space constraint. This study used a 

full-range 3.5” automotive speaker to present the sounds from the different directions. 

As such, the frequency components of the sounds were reproduced fairly well. A topic 

for future research should be the replication of portions of this study using actual 

speakers, buzzers, or other transducers that are properly housed in the vehicle. It is 

hypothesized that the frequency response and sound pressure levels produced by these 

devices will affect the localizability of the sounds and effectiveness of speaker locations 

used in this study. 

Vehicle environment. Having demonstrated the feasibility of in-vehicle 

localization of auditory warnings, there is now a need to examine performance for a wider 

range of vehicle interiors (e.g., truck cabs, sport coupes), occupancy conditions 

(including the effects of SPL on occupants, and driver seating position), and background 

noise conditions (e.g., other in-vehicle auditory displays, radio, passenger conversation, 

window states). 

Speaker locations. This study showed that effective auditory localization can be 

achieved from the limited number of speaker locations tested. Future research should 

draw upon the findings and test intermediate speaker locations that may provide 

directional cues that better correspond to specific hazard locations. 
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Existing warning systems. The interactive effects between existing in-vehicle 

auditory displays and an auditory warning system that localizes its warnings inside the 

passenger compartment should be investigated. 

Hazard acquisition times. The directional cues provided by various speaker 

locations must be tested on their ability to reduce hazard recognition times. This can be 

accomplished through an on-the-road or simulator based study where response times can 

be measured for various types of hazards presented at random locations around the 

vehicle with and without the use of auditory localization. 

Effects on corrective actions. Research has shown that drivers are more likely to 

brake than to steer, although the most effective maneuver is often steering alone or a 

combination of steering and braking (Adams, 1994). The effects of a localized auditory 

warning on corrective actions may be both positive and negative and should be 

investigated. 

CAS warning design. The warning sounds used as stimuli in this study were 

chosen by a previous study on the basis of having important warning attributes. These 

warnings were subjectively rated as the best warnings for crash avoidance warning 

applications from a group of warnings tested. Since this study was successful at proving 

that auditory localization performance in a vehicle is adequate for indicating hazard 

directions, additional warning sounds that incorporate characteristics that maximize 

localization effectiveness should be designed and tested. 
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APPENDIX A 

TIME-SERIES PLOTS OF SEVEN WARNING SOUNDS 
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Figure A-1. Time-series plot for Sound 1: Low fuel warning. 
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Figure A-2. Time-series plot for Sound 2: Radio Shack Buzzer. 
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Figure A-3. Time-series plot for Sound 3: Repeating Pattern. 
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Figure A-4. Time-series plot for Practice Sound: Repeating pattern. 
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Figure A-5. Time-series plots for Sound 4: Male Digitized Voice. 
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Figure A-6. Time-series plot for Sound 5: Female Digitized Voice. 
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Figure A-7. Time-series plot for Sound 6: Male Synthesized Voice. 
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APPENDIX B 

AUDIOMETRIC HEARING TEST DATA 
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TABLE B-1 

Subject Hearing Test Data for Younger Age Group 
  

Pure-Tone Frequency (Hz)   

  

  

  

  

  

  

  

  

  

  

  

  

Age Gender Ear 250 500 1000 2000 3000 4000 6000 8000 

21 F L 20 10 10 0 0 5 5 0 

R 15 10 5 0 0 10 0 5 

29 F L 10 10 5 0 0 0 5 0 

R 10 10 10 0 0 0 0 0 

20 F L 15 10 10 10 0 10 10 15 

R 20 15 10 10 15 10 10 10 

22 F L 10 10 5 5 5 0 5 10 

R 10 10 5 0 5 10 10 5 

22 F L 5 10 10 0 0 0 5 5 

R 5 10 10 0 0 5 0 5 

29 F L 35* 25* 30* 10 30* 15 25*  35* 

R 25 20 20 10 10 10 10 10 

32 M L 15 10 0 5 5 15 10 10 

R 15 15 5 0 0 5 10 5 

27 M L 20 20 10 0 5 5 15 10 

R 15 15 5 5 5 5 10 0 

21 M L 5 0 0 0 0 0 10 5 

R 0 5 0 0 0 0 5 0 

31 M L 5 0 0 0 5 5 5 0 

R 10 5 0 0 5 10 0 5 

23 M L 0 0 0 0 0 10 0 10 

R 5 0 0 10 0 0 0 10 

21 M L 10 5 5 0 5 5 5 0 
R 5 0 10 0 10 0 5 5 
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TABLE B-2 

Subject Hearing Test Data for Mature Age Group 
  

Pure-Tone Frequency (Hz) 
  

  

  

  

  

  

  

  

  

  

  

  

  

Age Gender Ear 250 500 1000 2000 3000 4000 6000 8000 

65 F L 25 15 10 15 20 25 45 35 
R 25 20 15 30 25 25 45 60 

70 F L 10 10 10 15 35 15 50 45 
R 15 3 10 25 25 5 50 40 

68 F L 30 20 20 20 35 45 35 40 
R 15 20 15 25 40 50 50 35 

72 F L 10 5 10 15 10 5 15 20 
R 15 5 20 20 10 10 20 45 

73 F L 20 15 25 20 30 40 40 60 
R 15 15 25 45 35 35 50 55 

71 F L 30 25 20 10 20 40 65 75 
R 25 25 10 15 20 30 60 80 

70 M L 20 15 10 10 20 35 40 50 
R 15 20 20 10 20 30 35 35 

66 M L 5 20 20 20 0 10 15 30 
R 15 15 20 15 0 10 20 20 

68 M L 35 35* 10 0 10 15 15 25 
R 5 0 0 20 10 20 20 25 

65 M L 15 10 20 30 45 45 65* 60 
R 15 25 20 40* 55* 45 70* 55 

70 M L 30 30 20 10 15 25 65 70 
R 35 30 35 10 20 40 60 70 

70 M L 20 20 15 20 30 35 50 65 
R 10 20 10 30 45 55 75 80 
  

193



APPENDIX C 

INFORMED CONSENT FORM 

194



CONSENT FORM 

LOCALIZATION OF IN-VEHICLE WARNINGS 

Purpose of the Research: The purpose of this research is to determine how well 

driver's can detect the direction of sounds presented within a car. Warning sounds 

presented from various locations in a car may be incorporated with new warning 

systems, such as a system that would alert the driver of objects in his or her “blind 

spot” or of objects behind the vehicle that the driver may not be aware of. Under 

contract with the National Highway Traffic Safety Administration (NHTSA), 

COMSIS is investigating the effectiveness of auditory warning localization in 

vehicles through studies such as this one. Your feedback will help to determine 

guidelines for the development of in-vehicle crash avoidance warning alarms. 

  

Research Procedures: In this experiment, you will sit in the driver's seat of a 

parked car and will be asked to listen for warning sounds in a background noise 

while watching a video tape of a driving scene. Each time you hear a sound you 

will indicate the direction of its source by pushing the joystick in the direction of 

the sound. Once you are satisfied with the direction you pushed the joystick, you 

will need to hold the joystick there and press the button on the top of the joystick 

to register your response. You should make your response as soon as you have 

determined the sound's direction. 

  

In addition to these tasks, each time the camera car passes over or under a bridge 

{i.e., aN Over-pass or under-pass) you will verbally respond by saying “BRIDGE”. 

Your response will be recorded through a microphone. As a bonus for responding 

“BRIDGE" to all of the over-passes and under-passes during the video taped drive, 

you will receive an additional five dollars ($5) at the end of the experiment. You 

will be allowed to miss 25% of the total number of bridges and still receive the 

bonus. 

Foreseeable Risks: There are no unusual risks associated with participating in this 

study, other than those normally associated with being in an office environment 

and parking garage— where the vehicle is parked. All sounds and noises that you 

hear are below the Occupational Safety and Health Administration (OSHA) sound 

level regulations (i.e. volume levels) for noise in order to protect your hearing. 

  

Benefits of the Research: The findings of this study will be used to develop 

guidelines for the development of in-vehicle warning systems. As a result of the 

research, the effectiveness of presenting warnings from various directions around 

the driver will be determined. In conjunction with other research in this area, the 

development of a warning system which presents sounds from different directions 

could result in a driving environment that is more safe, comfortable, and usable by 

the full range of the driving public. 

  

195



You will be paid $40 for your participation in the experiment, as well as a bonus of 

$5 if you complete the "bridge spotting" task successfully (total of $45 possible). 

If the investigator must terminate the session earlier then planned, you will be paid 

the maximum amount of $45. 

Confidentiality: We will ask to look at your driver's license to confirm your age and 

your driving status, ask how long you have been driving, and how often you drive. 

You should also have received a hearing test by this time to confirm your eligibility 

to participate in this study. All of this information is confidential, and no published 

reports of the research will identify any participant. Likewise, all information 

collected during the study is confidential and will not be presented in any form that 

identifies individuals. 

Contact Person: If you have any questions about the research or the rights of 

research participants, you may contact Dr. Neil Lerner, Project Manager, Human 

Factors and Safety, COMSIS Corporation, 8737 Colesville Road, Silver Spring, MD 

20910; [telephone (301) 588-0800]. 

Voluntary Withdrawal from the Experiment: Your cooperation in this study is 

entirely voluntary. You may withdraw participation for any reason at any time. If 

you withdraw from the study, you will be paid on a prorated basis for the portion 

of the study you completed. 

  

AUTHORIZATION: | have read the above and recognize the risks of this study. | 

agree to participate as a subject in the research. | also understand that 

participation is voluntary and | may withdraw from the study at any time. 

Signature of Participant: Date: 
  

(printed name):   

Signature of Investigator: Date: 
  

FOR OUR RECORDS 

Address: 
  

  

DOB: 
  

If you are interested in being contacted occasionally for further research please 

leave your phone number below: 

( ) 
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VERBAL INSTRUCTIONS 
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INSTRUCTIONS FORM 

LOCALIZATION OF IN-VEHICLE WARNINGS 

(To be read by experimenter to subject) 
  

INTRODUCTION 

You may have a seat here in the car. Just watch your head as you get in. 

The purpose of this research study is to help determine the effectiveness of 

presenting warning sounds from different directions around the driver. In 

today’s study, we are interested in your ability to determine the direction of 

sounds in a car as you sit in the driver’s seat and watch a video tape of a 

road scene. Do you have any questions? Before we continue, I'll need you 

to read and sign this consent form, and this will give you some information 

about the procedure we'll follow. 

CONSENT FORM 

[Hand out and explain informed consent forms] 

{Ask if there are any questions] 

ADJUST HEAD POSITION 

Before | familiarize you with what you will have to do during this study, | will 

need to adjust your seating position. After you are seated properly, | will 

show you what you will need to do. 

[ADJUST HEAD POSITION] 

PROCEDURE (Subject seated in vehicle) 

In this experiment, you will sit in the driver's seat and will be asked to listen 

for warnings sounds in a background noise while watching a video tape of a 

driving scene. Each time you hear a sound you will indicate the direction of 

the sound by pushing the joystick (that’s mounted here) in the direction of 

the sound. Once you are satisfied with the direction you pushed the 

joystick, you'll need to hold the joystick in that position and press the red 

button on the top of the joystick to register your response. The sound that 

you hear will be presented from an infinite number of directions. As such, 

the joystick can also be pushed in an infinite number of directions. 

As soon as you have determined the sounds direction, you should make your 

response as quickly and as accurately as possible. 

In addition to these tasks, each time the camera car passes over or under a 

bridge (i.e., an Over-pass or under-pass) you will verbally respond by saying 
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"BRIDGE". Your response will be recorded through a microphone mounted 

on the steering wheel. As a bonus for responding "BRIDGE" to all of the 

over-passes or under-passes encountered during the video taped drive, you 

will receive an additional five dollars ($5) at the end of the experiment. You 

will be allowed to miss 25% of the total number of bridges and still receive 

the bonus. If you are unsure about whether something you see on the video 

constitutes a bridge, respond "BRIDGE" anyway. You will not be penalized 

for responding at the wrong time. 

[ASK IF THERE ARE ANY QUESTIONS] 

DESCRIBE TASKS 

You will also listen for warning sounds presented from different directions 

around you. When you hear a sound, you will use the joystick positioned 

next to you to indicated the direction of the sound. 

You may quickly glance or turn your head slightly towards the general 

direction of the sound in order to determine it's location, but don’t turn your 

upper body to face the direction of the sound. In addition, always face 

forward when making the actual response and try not to miss any bridges. 

[ASK IF THEY ARE FAMILIAR WITH USING A JOYSTICK] 

JOYSTICK 

To use the joystick you will need to push the joystick handle in the direction 

of the sound. After you have positioned the handle in the proper direction, 

you will then have to press the red button on the top of the joystick handle 

to register your response. You should make your response as soon as you 

have determined the sound's direction. Also, keep in mind that the sound 

will appear from an infinite number of directions and the joystick will accept 

any direction you push the handle. 

I!'To prevent accidentally pressing the button before you have positioned the 

joystick in the desired position, please do not keep your finger on the button. 

Only place your finger in position when you are ready to press the button. 

[ASK SUBJECT TO FAMILIARIZE THEMSELVES WITH JOYSTICK 
MOVEMENT] 

During the experiment, the sounds you will be listening for will remain on 

until you position the joystick and press the button on the joystick. After 
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your response is registered, the sound will be automatically turned off. If the 

sound does not turn off after you press the button, the computer did not 

register your response. If this happens, make sure the joystick is in the 

position you want and the press the button again. Also, do not continue to 

hold the button down after the sound is turned off. 

After your response is registered, always return the joystick handle to it's 

center position—it will automatically go back to this position if you let go of 

the handle. In addition, do not move the handle until after a sound is 
presented. If you accidentally move the joystick before a sound is presented, 

the computer will wait until the handle is returned to the center position. If 

this occurs, | will ask you to return the handle to the center position through 

a speaker mounted near the joystick. Sometimes | may ask you to center the 

joystick even if the joystick appears to be centered. In this event, please 

push the joystick in any direction and return it to the center position. 

The sounds will be randomly presented to you one after the other at random 

intervals. You will have to be ready to respond to the next sound after 

making a response, so please be ready at all times. If you are unsure about 

the direction of the sound, just try and make your best guess. There are no 

wrong answers in this experiment. 

[ARE THERE ANY QUESTIONS ABOUT WHAT YOU ARE TO DO?] 

When we perform experiments involving simulated driving, we try to make 

the driving experience seem as realistic as possible. One of the ways we're 

going to make the study today realistic is by playing a background noise that 

sounds like the interior of a car that is driving on a highway. Also, when 

people are really driving, they need to respond to things on the road. What 

we’re going to ask you to do is to respond to every bridge that you see. 

Each time you see a bridge on the video tape, you should say "BRIDGE" loud 

enough so that a person sitting next to you would be able to hear you in the 

noise— you do not have to speak into the microphone. \f you are unsure 

about whether something you see on the video constitutes a bridge, respond 

"BRIDGE" anyway. You will not be penalized for responding at the wrong 

time. Let me demonstrate what do when you see a bridge on the video tape. 

[SHOW DEMO TAPE AND WHEN TO SAY "BRIDGE"] 

Can you see the TV clearly? 

Do you need me to adjust the seat position to help you see it better? 

[ARE THERE ANY QUESTIONS] 
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EXPERIMENT SEGMENTS AND BREAKS 

The experiment will consist of a practice session and three data collection 

sessions. A five minute break will be given between each data collection 

session. In addition, a calibration routine will be required at the beginning of 

the practice session and at the beginning of each of the data collection 

sessions. 

CALIBRATION ROUTINE 

Everyone is different, and calibration is required to determine the positions of 

the joystick that you feel correspond to different parts of the car. During the 

calibration session, | will ask you to push the joystick in a specified 

direction— you will not be presented with the video or hear the background 

noise and warnings sounds during this procedure; however, you will hear my 

voice through the speaker mounted near the joystick as | give you 

instructions. 

For example, during calibration | might ask you to push the joystick to signify 

a direction directly to your right or to your left. Once you have positioned 

the joystick in this direction, you will then need to press the red button on 

the top of the joystick—remember that it is important that you do not keep 

your finger on the button. In addition, please try and keep your head facing 

forward as you make your response. Just like during the experiment, you 

may quickly glance or turn your head slightly towards the direction specified 

in order to determine the specified location, but always face forward when 

making the actual response. You will be asked to make a response for 24 

directions. Each calibration routine will take approximately 5 minutes. 

[ARE THERE ANY QUESTIONS?] 

Once a data collection segment is begun, you will not be allowed to ask 

questions since the segment cannot be interrupted, so please ask any 

questions you have now or during one of the breaks. However, you may 

stop the procedure at any time if you feel that you would like to withdraw 

from the study. You know, the interiors of different cars are set up 

differently, so | just wanted to point out the door handle to you to open the 

door if you need to. You won’t need to touch any of the other controls for 

the car. Also, | can turn the car's fan on for you. Would you like me to turn 

it on for you? [IF PARTICIPANT DOES NOT WANT FAN ON NOW] - OK, but 

just let me know during one of the breaks if you'd like me to turn the fan on. 
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APPENDIX E 

PROPORTION OF RESPONSES FOR SOUNDS 2, 3,5 AND 6 
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4-Way ANOVA Summary Table for Response Time 

  

  

Source df MS F Pp G-Ge G-Gp 

Between-Subjects 

Age 1 135.024 10.509 0.0041 

Gender 1 5.348 0.416 0.5262 

Age x Gender 1 1.033 0.080 0.7797 

Subjects(Age x Gender) 20 12.848 

Within-Subjects 

Sound 5 1.273 6.989 < 0.0001 0.472 0.0013 

Sound x Age 5 0.908 4,984 0.0004 0.472 0.0077 

Sound x Gender 5 0.223 1.227 0.3021 0.472 0.3064 

Sound x Age x Gender 5 0.088 0.483 0.7882 0.472 0.6509 

Sound x Subjects(Age x Gender) 100 0.182 

Speaker 15 3.067 19.052 < 0.0001 0.335 < 0.0001 

Speaker x Age 15 0.164 1.017 0.4372 0.335 0.4120 

Speaker x Gender 15 0.211 1.310 0.1942 0.335 0.2655 

Speaker x Age x Gender 15 0.185 1.151 0.3103 0.335 0.3388 

Speaker x Subjects(Age x Gender) 300 0.161 

Sound x Speaker 75 0.146 2.157 < 0.0001 0.145 0.0184 

Sound x Speaker x Age 75 0.080 1.177 0.1468 0.145 0.3046 

Sound x Speaker x Gender 75 0.071 1.040 0.3883 0.145 0.4123 

Sound x Speaker x Age x Gender 75 0.062 0.918 0.6748 0.145 0.5227 

Sound x Speaker x Subjects(Age x Gender) 1500 0.068 

Total 2303 
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4-Way ANOVA Summary Table for Decision Time 

  

  

Source df MS F Pp G-Ge GGp 

Between-Subjects 

Age 1 141.643 2.275 0.1471 

Gender 1 0.391 0.006 0.9377 

Age x Gender 1 1.142 0.018 0.8936 

Subjects(Age x Gender) 20 62.263 

Within-Subjects 

Sound 5 2.369 9.188 < 0.0001 0.471 0.0002 

Sound x Age 5 1.240 4.807 0.0006 0.471 0.0091 

Sound x Gender 5 0.457 1.770 0.1258 0.471 0.1759 

Sound x Age x Gender 5 0.131 0.507 0.7707 0.471 0.6355 

Sound x Subjects(Age x Gender) 100 0.258 

Speaker 15 4.525 13.493 < 0.0001 0.356 < 0.0001 

Speaker x Age 15 0.237 0.707 0.7769 0.356 0.6282 

Speaker x Gender 15 0.357 1.064 0.3894 0.356 0.3859 

Speaker x Age x Gender 15 0.536 1.598 0.0730 0.356 0.1626 

Speaker x Subjects(Age x Gender) 300 0.335 

Sound x Speaker 75 0.257 2.197 < 0.0001 0.129 0.0208 

Sound x Speaker x Age 75 0.146 1.243 0.0820 0.129 0.2677 

Sound x Speaker x Gender 75 0.115 0.980 0.5285 0.129 0.4611 

Sound x Speaker x Age x Gender 75 0.096 0.820 0.8641 0.129 0.6060 

Sound x Speaker x Subjects(Age x Gender) 1500 0.117 

Total 2303 
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4-Way ANOVA Summary Table for Accuracy 

  

  

Source df MS F P G-Ge G-Gp 

Between-Subjects 

Age 1 16466.349 1.705 0.2065 

Gender 1 19723.737 2.042 0.1684 

Age x Gender 1 798.738 0.083 0.7766 

Subjects(Age x Gender) 20 9658.531 

Within-Subjects 

Sound 5 1915.945 7.232 < 0.0001 0.613 0.0003 

Sound x Age 5 446.647 1.686 0.1449 0.613 0.1784 

Sound x Gender 5 85.670 0.323 0.8979 0.613 0.8127 

Sound x Age x Gender 5 518.464 1.957 0.0916 0.613 0.1286 

Sound x Subjects(Age x Gender) 100 264.939 

Speaker 15 24025.089 16.383 < 0.0001 0.271 < 0.0001 

Speaker x Age 15 2829.848 1.930 0.0202 0.271 0.1121 

Speaker x Gender 15 717.999 0.490 0.9452 0.271 0.7466 

Speaker x Age x Gender 15 2841.516 1.938 0.0196 0.271 0.1108 

Speaker x Subjects(Age x Gender) 300 1466.495 

Sound x Speaker 75 487.166 2.431 < 0.0001 0.169 0.0045 

Sound x Speaker x Age 75 362.419 1.808 < 0.0001 0.169 0.0437 

Sound x Speaker x Gender 75 251.234 1.253 0.0740 0.169 0.2437 

Sound x Speaker x Age x Gender 75 244.642 1.221 0.1008 0.169 0.2659 

Sound x Speaker x Subjects(Age x Gender) 1500 200.432 

Total 2303 
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4-Way ANOVA Summary Table for Azimuth 

  

  

Source df MS F Pp G-Ge G-Gp 

Between-Subjects 

Age 1 28390.702 3.226 0.0876 

Gender 1 14395.055 1.636 0.2155 

Age x Gender 1 482.060 0.055 0.8173 

Subjects(Age x Gender) 20 8799.250 

Within-Subjects 

Sound 5 537.282 1.300 0.2699 0.709 0.2799 

Sound x Age 5 666.855 1.614 0.1632 0.709 0.1863 

Sound x Gender 5 257.628 0.623 0.6822 0.709 0.6284 

Sound x Age x Gender 5 347.109 0.840 0.5244 0.709 0.4928 

Sound x Subjects(Age x Gender) 100 413.206 

Speaker 15 1279504.821 469.994 < 0.0001 0.214 < 0.0001 

Speaker x Age 15 4914.957 1.805 0.0332 0.214 0.1514 

Speaker x Gender 15 2339.625 0.859 0.6106 0.214 0.4731 

Speaker x Age x Gender 15 4413.744 1.621 0.0671 0.214 0.1903 

Speaker x Subjects(Age x Gender) 300 2722.387 

Sound x Speaker 75 1681.981 4.671 < 0.0001 0.141 < 0.0001 

Sound x Speaker x Age 75 509.238 1.414 0.0128 0.141 0.1709 

Sound x Speaker x Gender 75 304.298 0.845 0.8236 0.141 0.5914 

Sound x Speaker x Age x Gender 75 373.003 1.036 0.3965 0.141 0.4152 

Sound x Speaker x Subjects(Age x Gender) 1500 360.057 

Total 2303 

  

211



VITA 

Mr. Adrian K. Tan received a B.S. in Industrial and Systems Engineering in 

1991 from Virginia Polytechnic Institute and State University. He is currently a 

Product Design Engineer with Ford Motor Company in Dearborn, Michigan, working 

on advanced audio and driver information systems. Prior to this position, he was a 

Senior Human Factors Engineer at COMSIS Corporation in Silver Spring, Maryland, 

conducting research on human factors issues relating to in-vehicle crash avoidance 

warning systems. 

AS a graduate student, Mr. Tan was awarded a graduate fellowship by the 

National Institute for Occupational Safety and Heath (NIOSH), and worked as a 

summer intern for Ford Motor Company, researching voice guidance issues for in- 

vehicle navigation systems, and for Military Sealift Command, Washington Navy Yard, 

conducting software evaluation and computer security activities. 

He is a member of the Human Factors and Ergonomics Society, American 

Society of Safety Engineers, Alpha Pi Mu, and is the newsletter editor for the Southeast 

Michigan Chapter of the Human Factors and Ergonomics Society. His outside interests 

include high-end consumer electronics, automotive technology, skiing, and mountain- 

biking. 

  
212


