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ABSTRACT 

Tactical military headsets allow hearing protection and communi-

cation between soldiers using surround technology. In this paper, 

we investigate the effect of latency time between low and high 

frequencies on the ability of a person to correctly identify an ex-

ternal sound source direction with tactical military headsets. The 

latency time between low and high frequencies results from a digi-

tal processing unit. Low frequencies from an external sound 

source are not processed; therefore, they are received in the ear 

canal before the digitally processed higher frequencies. Two ex-

periments were conducted using non-individualized Head Related 

Transfer Function and headphones for trained and untrained vol-

unteers. The experiments were done for two types of sources: hu-

man speech and white Gaussian noise, and were performed with 

latency times of zero, 20msec, and 40msec applied to frequencies 

below 20Hz. The experimental results show that the errors in 

sound localization accuracy in both experiments are fewer for 

signals without latency time, compared to processed signals with 

latency times between low and high frequencies.  

 

 

1. INTRODUCTION 

Due to recent developments in tactical military headsets, the effects 

of latency times between low and high frequencies on a person's 

ability to correctly identify the source direction need to be investi-

gated. Tactical military headsets allow communication between 

soldiers in extremely noisy surroundings. The system supports 

spatial hearing with headphones. In the headset, the current pro-

cessing is analog. In order to replace it with a digital processing 

unit, we have to investigate the effect of latency times between low 

and high frequencies, since the processed sound has to be delayed 

before it is transmitted to the ear canal due to digital processing. 

Low external signal frequencies are not processed; therefore, they 

are received in the ear canal before the digitally processed higher 

frequencies.  

It is generally accepted that people can only hear frequencies with-

in the range of 20Hz-20KHz. In spite of this, previous studies have 

shown that most people are, indeed, able to hear frequencies below 

20Hz, but hearing acumen becomes less sensitive with decreasing 

frequencies [1]. The Broadband noise can seriously affect sound 

localization [2]. It is unclear if infrasound noise can also affect 

sound localization. Because people are less sensitive to infrasound 

than to sound at higher frequencies, it is assumed that the influence 

of infrasound on an observer's localization of sounds is negligible. 

We decided to test this assumption in the context of latency times.  

A human's ability to detect the direction of a sound source relies on 

two components: interaural time differences (ITD) and interaural 

level differences (ILD), where the time differences are due to the 

differences in the distances that sound has to travel to each of the 

ears, and level differences are caused by the structure of the pinnae 

and shadows of shoulders, torso, and head. ITD is dominant in low 

frequencies below 800Hz, while  

 ILD is dominant in high frequencies above 1600Hz [3-5]. Also, for 

variant frequencies for the same angle, ITD and ILD also vary.  

Head Related Transfer Function (HRTF) is a well-known way of 

producing spatial sound in headphones. By placing microphones in 

the ears of a manikin or within the ear canals of a person, we can 

record a binaural sound coming from the stimuli. Then, HRTF can 

be extracted from the measurements for each ear. The convolution 

of a source signal      with HRTF will give a desired spatial hear-

ing effect of the source in headphones, i.e.,           and          

are transmitted to the right and left headphones, respectively, where   

          {        }                                       
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Figure 1. Tactical in-ear headsets 
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In our experiment, we used a non-individualized HRTF [6]. There 

are studies that show the accuracy of non-individualized HRTF. 

The rates of errors reported by using a non-individualized HRTF 

on average error angle in azimuth in low elevation is reported ~23º 

for non-experienced listeners [6]. In addition, a relatively high 

percent of front/back confusion is recorded for non-individualized 

HRTF compared to individualized HRTF. A minimum audible 

angle for the white noise was observed on average 7º-9º for a non-

individualized HRTF [7].  

The aim of our investigation is to determine the effects of latency 

times between high and low frequencies occurring in the tactical 

military headsets on the ability of a person to correctly identify the 

source direction. We describe two different experiments that show 

whether or not there is a relation between the delay applied on low 

frequencies, and the accuracy of the source localization of a virtual 

sound. We show that in both of experiments the average errors in 

sound localization is greater for signals with applied delay, com-

pared to the original signals without any delay.   

This paper is organized as follows. In Section 2, we present tactical 

military headsets with hearing protection and ambient sound hear-

through. In Section 3, we describe the experimental methods we 

used for the experimental section. In section 4, we present the re-

sults of two experiments. Finally, in Section 5, we discuss the re-

sults of our experiments.  

2. TACTICAL MILITARY HEADSETS 

A tactical headset is a communications headset worn by members 

of law enforcement, military, and similar organizations for tactical 

operations. Besides other advantages, the system supports sound 

localization. A typical in-ear tactical headset is shown in Figure 1. 

The in-ear headset consists of a hear-through path by which the 

processed sound is received in the ear canal, an earplug and a mi-

crophone; a control box provides noise reduction of external sound 

sources.  The sound is acquired at the microphones and passes to 

the control box, where signal processing takes place. From the 

control box, the signal continues through the hear-through path to 

the ear canal, while the earplugs significantly reduce the noise that 

comes from outside in the 500Hz range and above.  The system 

also provides active noise reduction in the 20Hz-500Hz range. The 

system does not provide protection for lower frequencies.  

In analog systems, the time that it takes to process the sound is 

insignificant. However, switching to a digital processing unit, the 

time that takes for the signal to propagate from the microphones to 

the hear-through path, through the control box, will increase, so 

that the part of the signal below 20Hz will notably precede the part 

of the signal above 20Hz. Hence, a latency time is inevitable be-

tween low frequencies from external sound sources and high fre-

quencies processed in the digital processing unit.  

3. EXPEREMENTAL METHODS 

A latency time was applied for frequencies above 20 Hz by using 

the system illustrated in Figure 2, where H(ω) is a transfer function 

of an IIR (Infinite Impulse Response) 1st order Chebyshev filter, 

with a pole in 20Hz. 

     {     }      {     }                             

       is the impulse response of the low-pass filter, and        

            is the impulse response of the corresponding high-

pass filter. The signal      represents a sound source (speech or 

white noise). The signal      is processed with an HRFT according 

to equation (1), and played to the listener as a test sound. 

 

Two different experiments were conducted. In both of them, we 

used a non-individualized HRTF measured with a KEMAR dummy 

head microphone by Bill Gardner and Keith Martin at the MIT 

Media Lab. The errors of this HRTF were previously described [8]. 

In both experiments we used Technics RP F880 headphones with 

5Hz-30KHz support.  

The experiments took place in a silent room. A listener was seated 

on a chair where in front we drew a semicircle with 15º difference 

angles and lines for 0º, ±90º for better perception of the directions. 

The listener had to look straightforward. All sounds were played 

through the headphones. The experimental system is shown in Fig-

ure 3. 

Two different sources were used – speech and white Gaussian 

noise. The duration of each signal was 1.875sec. For each type of 

source, three different latency times were applied: zero delay, 

20msec delay, and 40msec delay. Both experiments included the 

following steps: 1) Reference signals from seven directions, called 

"reference" directions, and without any latency time between low 

and high frequencies, were played to the listener. 2) A "test" signal 

with one of the latency times in low frequencies was played with 

Figure 2. The scheme of the filtering and 

delaying the source. 

 

Figure 3. The measurements system. 

 



three repetitions, where the direction of the test sound was random-

ly chosen to be one of the seven reference directions. 3) The seven 

reference signals were played again. 4) The test signal was repeated 

three times for better perception of the virtual localization. 5) The 

listener had to determine to which one of the seven reference sig-

nals the test signal was most similar.  

The identification of the test sound direction relied only on com-

paring between the direction of the test sound and the direction of 

the reference sounds, without explicitly identifying the test sound 

direction on the semicircle. This task was done for each one of four 

quarters – for azimuth angles from 0º to 30º; from 180º to 150º; 

from 180º to 210º, and from 360º to 330º – where 0º is in front of 

the listener. For all of the directions, the elevation was 0º. The 

front/back angles were chosen due to reported relatively small er-

rors in front [7, 8] and front/back [6] sound localization compared 

to side angles without consideration of front/back confusions. At 

the request of the listener, the three repetitions of the test signal and 

seven reference angles could be repeated once more. There was no 

feedback given about the correct source direction during the exper-

iment.  

At the end of the experiment, the listener had to determine the 

range of the reference angles' directions and show it on the scale of 

the half circle (the first and the seventh reference angles) for I and 

IV quarters.  

3.1. Non trained listeners 

In the first experiment, 15 non trained volunteers (9 male and 6 

female), with a range of ages from 22 to 30 years old, participated. 

All of them had no history of hearing problems. 

3.2. Trained listeners 

In the second experiment, 4 volunteers (2 male, 2 female) were 

trained to determine sound localization. Three of them took part in 

the first experiment. The training lasted for 3 hours with non-

individualized HRTF and sources of both types (speech and white 

Gaussian noise), with no latency time between low and high fre-

quencies. During the training, the procedure was the same as in the 

first experiment; only this time, after each listener's answer, feed-

back about the correct answer was given. After 3 hours of training, 

the first experiment was conducted.  

4. EXPERIMENTAL RESULTS 

The collected data from the non-trained listeners about the average 

degree of error is shown in Table 1. The statistical information of 

the errors is shown in Table 2.  

During the first experiment, 7 of the 15 listeners reported front-

back confusions. One of these listeners could not hear the rear an-

gles at all. This result corresponds, in general, to the results shown 

in [6] for non-individualized HRTF, despite the fact that in our 

experiment we did not consider each angle by itself, but the whole 

quarter set (reference sounds, 3 times of the test sounds, and one 

more reference sounds). Also, all the listeners reported about the 

error between reference sound directions, as they should have been 

perceived from 0º to 30º to the range they actually heard. Thus, 7 

reported that the range they heard was 0º-90º; 4 reported about a 0º-

75º range; two reported a 0º-45º range; one a 0º-110º range; and 

one a -30º-60º range. In this way, an average error in angle (azi-

muth) between played sound and listener's perception is calculated 

to be about 35º. 

The collected data from the trained listeners and statistical infor-

mation is presented in Tables 3 and 4, respectively.  

5. DISCUSSION AND CONCLUSION 

As can be seen from the Tables, with regard to the non-trained 

listeners for the speech source, 9 of the 15 volunteers had a better 

performance when the latency time was zero than when it was 

20msec or 40msec. Also, 9 out of the 15 volunteers had fewer mis-

takes in the localization with zero latency time. The average error 

is smaller for the zero latency time by 17% - 25%. For the white 

noise signal, 7 out of the 15 volunteers had a better performance 

with zero latency time than with 20msec or 40msec latency time; 7 

out of the 15 volunteers had fewer mistakes in the localization 

when the latency time was zero, as well. An average error is also 

smaller for non-delayed white noise by 10% - 15%. There is also 

an interesting result that for the 20msec latency time the error is 

greater than that for 40msec delay, for both types of sources.  

no-delay20msec40msecno-delay20msec40msec

2.556.252.53.753.75AZ

6.2553.753.752.52.5BL

58.752.51.253.751.25NK

2.56.258.752.56.252.5EZ

3.7557.51.256.255KR

2.52.503.7553.75MR

2.53.753.751.251.252.5TT

52.553.7551.25AS

03.751.253.751.252.5AC

7.53.753.7503.753.75OK

3.752.553.753.753.75ZP

3.7553.753.752.55SK

1.2552.551.255SB

3.751.252.52.52.53.75SG

2.51.252.51.2552.5EA

white noisespeech

error (º)error (º)

Table 1. The error of the speech and white noise 

sources with zero, 20msec and 40msec with non-

trained volunteers.  

no-delay20msec40msecno-delay20msec40msec

3.54.083.922.73.583.25average

3.623.95.3322.871.52variance

white noisespeech

Table 2. An average error and variance for speech and 

white noise sources for non-trained volunteers 

 



Most of the listeners reported that they found it more challenging to 

identify directions of the white noise source rather than the speech 

source. We think that it could be a reason for greater rates of error 

associated with white noise compared with the speech. The results 

also indicate that training improved the listener's ability to identify 

sound localization with non-individualized HRTF. Yet, the error in 

delayed sound is larger than in sound without any delay for trained 

listeners from the second experiment.  Also, the reference angle's 

range comprehended by trained listeners is closer to the theoretical 

range we processed with HRTF (0º to 30º). In this way, 2 of 4 lis-

teners reported about 0º to 45º after the second experiment, alt-

hough before they reported on 0º to 90º range. 

In our work, the measurements were based on a comparison of two 

sounds to reduce the influence of other factors, such as errors of 

non-individualized HRTF and front/back confusions. Because of 

the fact that this technique is not similar to regular sound localiza-

tion measuring systems, the errors are different and relatively 

small. Here, we investigated the degradation of localization due to 

latency time, while comparing a test signal to reference signals. In 

order to understand the meaning of the errors, we asked the listen-

ers to report the range of reference angles they heard.  

This study has an important role, since it shows the importance of 

analyzing the side effects of infrasound frequencies effects during 

the development of tactical military headset systems. We showed 

that latency time between high frequencies (the processed signal 

that is received from the hear-through path) and the low frequen-

cies (infrasound that comes from outside) can unexpectedly affect 

the accuracy of sound localization when using tactical military 

headsets.  
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Table 4. Average of the error in (º) and variance for 

voice and white noise source for trained volunteers 

 

no-delay20msec40msecno-delay20msec40msec

1.252.191.870.622.813.12average

02.472.61.561.430.52variance

white noisespeech

no-delay20msec40msecno-delay20msec40msecno-delay20msec40msecno-delay20msec40msec

1.253.753.7575252502.53.751005050LH

1.2501.25751007501.252.51007550OK

1.252.52.57575502.53.752.5502550TT

1.252.50755010003.753.751002525SB

white noisespeech

error (º)correct localization (%)error (º)correct localization (%)

Table 3. The error and the correct localization of the speech and white noise sources with 20msec and 

40msec delay and without a delay for trained volunteers 


