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Abstract— This research developed an active hear-through 

equalization (AHE) algorithm for earphones. Using a digital 

signal processor as the computing core, this proposed work put a 

microphone on the housing of the earphone to receive ambient 

sound and then created a pseudo-ambient sound in the eardrum 

of the human ear to achieve the hear-through (HT) function. In 

addition, this research analyzed the dependence on the direction-

of-arrival (DOA) for the HT function. Finally, we compared the 

performance of the proposed work with the leading commercial 

earphones to verify its enhancement. 

I. INTRODUCTION 

In recent years, advances in hardware and software 

technologies have facilitated the ear-worn devices boom in 

acoustic experiences. Today, the headphone market in terms 

of audio technology has made active noise control (ANC), 

hear-through (HT) mode, and spatial audio standard functions 

in headphones, providing users with diverse listening 

experiences [1], [2]. However, to make a better life, many 

acoustical scientists and scholars continue to develop new 

headphones with the associated techniques. Where include the 

multi-reference control strategies [3], [4], the comb-effect [5], 

the virtual sensing techniques [6], the directions of sound 

arrival [7], [13], and the occlusion effect [8], etc. 

The HT function is an audio technology of augmented 

reality (AR). It receives the real sound from the external 

microphone to produce the virtual sounds by the HT filter, 

then creates pseudo-ambient sound at the eardrum to 

compensate for the passive noise isolation caused by the 

earphones. To provide users with the feel of natural listening 

experience as if there were without earphones over the ear [9]. 

Many scholars have presented research results on augmented 

reality audio [2], [10]-[12]. In recent years, Gan et al. 

described an approach for natural and augmented listening for 

virtual reality (VR), augmented reality (AR), and mixed 

reality (MR) [1], and then analyzed the characteristics of AR 

audio applied to different types of headphones [9]. Patel et al. 

proposed a selective reduction in environmental noise while 

providing the HT capability in the looking direction [14]. 

Liebich et al. proposed active occlusion cancellation (AOC) 

system for headphones and hearing aids to reduce the 

occlusion effect [8]. From the above research, it can find the 

importance of earphones to be equipped with assistive 

listening.  

This research implements the HT function with earphones 

and then presents an AHE algorithm to train the HT filter. 

Simulations were used to verify the proposed HT function and 

analyzed the effects of the DOA dependence on the HT 

function. Finally, the effectiveness of the proposed system 

was assured by real-time experiments. 

II. SYSTEM DESIGN 

This section first describes the proposed AHE algorithm 

and the experimental setup. This research conducts 

experiments in an anechoic chamber to conduct a series of 

subsequent analyses and comparisons to verify the 

effectiveness of the proposed system. 

A. AHE Algorithm 

This research proposes a single-channel AHE algorithm 

based on the modified filtered-x least mean square (FxLMS) 

algorithm to implement the augmented sound in earphones, as 

shown in Fig. 1. The AHE algorithm has two stages, the 

tuning and equalization stages, to equalize the real and virtual 

sounds by implementing the pseudo-ambient sound.  

Fig. 1a shows the tuning stage. For obtaining the 

equalization filter ˆ ( )W z  to generate the virtual signal ( )Ty n  , 

the proposed algorithm will first model the target path ( )T z  

and secondary path ( )S z  . Obtain a reasonable estimate of the 

target path ˆ( )T z  and secondary path ˆ( )S z  is the key to 

success during the tuning stage. This research uses adaptive 

system identification using the LMS algorithm [15] to 

estimate their transfer functions. The random noise and the 

pink noise are used as the excitation signals to estimate the 

secondary path ( )S z  and the target path ( )T z . The target 

path ( )T z  refers to the acoustic path without earphone 

between the reference and the error microphones. The 

secondary path ( )S z  refers to the secondary speaker to the 

error microphone, which includes the digital-to-analog 

converter (DAC), reconstruction filter, power amplifier, 

acoustic path from secondary speaker to error microphone, 

preamplifier, anti-aliasing filter, and analog-to-digital 

converter (ADC). We designed a band-pass filter ˆ ( )BPF z  

according to the different DOA to attenuate the undesired 

target signal ( )Td n  to produce desired target signal ( )Td n . In 

Proceedings, APSIPA Annual Summit and Conference 2021 14-17 December 2021, Tokyo, Japan

1197978-988-14768-9-0/21/$31.00 ©2021 APSIPA APSIPA-ASC 2021



addition, the delay z−  is used to ensures the causality of the 

AHE algorithm. The error signal ( )Te n  is expressed as 

 
( ) ( ) ( ),T T Te n d n y n= −  −   (1) 

 

where ( )Td n  is the desired target signal; ( )Ty n  is the virtual 

signal; n is the time index with sampling rate Sf ;  is the 

number of delay samples. The adaptive finite impulse 

response (FIR) equalization filter ˆ ( )W z  generates virtual 

signal ( )Ty n  using the relevant reference signal ( )T nx  

expressed as 

 

ˆ( ) ( ) ( ),T

T Ty n n n= w x   (2) 

 

where the T  in the upper right denotes the transpose 

operation. 0 1 1ˆ ( ) [ ( ) ( ) ( )]TLn w n w n w n−  w        is the weight 

vector; and ( ) ( 0,..., -1)lw n l L=  is the thl  coefficients of 

equalization filter ˆ ( )W z  with filter length L . 

( ) [ ( ) ( 1) ( 1)]TT T T Tn x n x n x n L    −    − +x        is the relevant 

reference signal vector. The equalization filter ˆ ( )W z  updated 

by 

 
 ˆˆ ˆ( 1) ( ) [ ( )( ) ] ( ),TTn n n e nn+ = + w  w  s  x  (3) 

 

where   denotes the linear convolution, ˆ( )ns  is the impulse 

responses of the secondary path ˆ( )S z , and the   is the step 

size. With sufficient step size, the ˆ ( )nw  will converge to the 

optimal value to minimize the error signal is ( )Te n .  

Next, Fig. 1b, shows the equalization stage, where the 

primary path ( )P z  refers to the acoustic path with earphones 

between the reference and the error microphones. Here the 

reference microphone is used to capture the external ambient 

signal ( )Px n . The equalization filter ˆ ( )W z  estimated in the 

tuning stage is used to generate the virtual signal ( )Py n , which 

is then acoustically superimposed on the real signal ( )Pd n  

through the secondary path ( )S z  to compensate for the loss 

caused by the passive noise isolation of the earphones. 

Consequently, it gets clear that the feedforward equalization 

system results in the performance expressed as 

 

 
( ) ˆ( ) ( ) ( ).
( )

P

P

E z
P z S z W z

X z
= +  (4) 

B. Experimental Setup 

To verify that the proposed AHE algorithm can be 

effectively applied to earphones. This research conducted all 

experiments in an anechoic chamber (Internal dimensions: 

4.45m (L) x 4.0m (W) x 2.07m (H)) that complies with ISO 

3745 (2003) and ASTM E336 (2009), as shown in Fig. 2a.  


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Fig. 1   Block diagram of the single-channel AHE system based on the 

modified FxLMS algorithm, (a) tuning stage, (b) equalization stage. 

Where the primary loudspeaker (Tang Band, W8-1808) 

was placed about 30 cm away from the torso simulator's right 

ear (G.R.A.S, KEMAR) to generate the broadband pink noise, 

where the sound pressure level of KEMAR's right ear is about 

80 dB(A). A dynamic signal analyzer (Keysight, 35670A) is 

used to measure the spectrum from the right ear microphone 

of the KEMAR. In addition, a rotating disk under the 

KEMAR, which has the 360° rotation angle, is used to 

evaluate the DOA dependence (a total of 8 angles, each with a 

45° difference), as shown in Fig. 2b. This experimental setup 

is used to conduct analysis and verify the performance of the 

proposed method. This research uses commercially available 

earphones (Sennheiser, IE 40 Pro) and sets an additional 

MEMS microphone (Knowles, SPU0414HR5H-SB) as the 

reference microphone on the shell to test the performance of 

the proposed work. The testing earphone is inserted inside the 

KEMAR’s right artificial ear. The right ear microphone of 

KEMAR was used as the error microphone in this experiment. 

This research uses a floating-point DSP (Texas Instruments, 

TMS320C6713 DSP Starter Kit) with the ADC and DAC 

converter interface card (HEG Company, DSK6713IF-B) in 

the experiments. The sampling rate is 48 kHz, and the cut-off 

frequency of the anti-aliasing filter and reconstruction filter is 

20 kHz. 

 Finally, this experiment uses pink noise played at the same 

level in an anechoic chamber to compare commercially 

available earphones (Apple, AirPods Pro) and earphones by 

this research to perform a fair comparison. The validity of the 

proposed AHE algorithm is then verified by adopting the 

experiments. 
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Fig. 2   (a) Experimental setup, (b) The setup for testing different DOA. 

III. IMPLEMENTATION RESULTS AND DISCUSSION 

This section first analyzes the performance of earphones 

(Sennheiser, IE 40 Pro). Then uses simulations and real-time 

experiments to evaluate the effectiveness of the proposed 

AHE algorithm under different DOA. Also, we will make a 

comparison between the HT function performance of leading 

commercial earphones too. 

A. Analysis and Measurements 

Before implementing the proposed system, it was necessary 

to analyze and measure the earphones we purchased to 

understand whether it was necessary to implement the HT 

function in the earphones. Different types of earphones have 

different passive noise isolation characteristics. This research 

used earphones (Sennheiser, IE 40 Pro) with silicones tips 

were chosen since it strong passive noise isolation of external 

sounds. We analyze the passive attenuation performance of 

earphones with different sound DOA.  

Fig. 3 shows the passive noise isolation of earphone, where 

light blue lines are the passive noise isolation measured for 

each of the 8 rotation angles, and blue line by averaging these 

8 curves. It shows the exhibits strong isolation at high-

frequency noise, at about 20 dB at 2 kHz. However, the 

passive material of the earphone cannot effectively reduce 

low-frequency noise below 500 Hz. We can find out the 

earphone attenuates the high-frequency information above 

500 Hz from the passive noise isolation.  

Fig. 4 shows that the magnitude response of the target path 

( )T z  is affected by the different sound DOA, where light gray 

lines are the target path measured for each of the 8 rotation 

angles, and red line by averaging these 8 curves. Obviously, 

as the frequency increases to 4 kHz, the magnitude response 

consistency gradually changes, which causes degrade the 

performance of HT equalization with a fixed equalization 

filter ˆ ( )W z  . Finally, through the above analysis, we know 

that HT function is only effective in handling a bandwidth 

range between 100 Hz to 4 kHz because this range shows low 

DOA dependency, and the effect of DOA limits the high-

frequency ranges. Therefore, this research introduces a 

bandpass filter  ˆ ( )BPF z  to reduce unwanted noise 

amplification. However, the sound with higher frequency is 

susceptible to DOA dependent. Therefore, this research used 

4th-order infinite impulse response (IIR) band-pass filter 
ˆ ( )BPF z , where the Lf  as 100Hz (-3 dB); and Hf  as 6 kHz (-3 

dB), as shown in Fig. 5. 

 

Fig. 3   The passive noise isolation of earphone with different sound DOA. 

 

Fig. 4   Magnitude responses of the target path ( )T z with different sound DOA. 

 

Fig. 5   Magnitude responses of the band-pass filter ˆ ( )BPF z . 

B. Simulation Results 

In the simulations, this research used MATLAB software to 

analyze the performance of the proposed AHE algorithm for 

the earphones. First, we substitute the equalization filter 

trained during the tuning stage into the equalization stage to 

verify the effectiveness of the proposed AHE algorithm. The 

unit delay required for the modified FxLMS algorithm to 

converge was found to be 8 samples in the tuning stage, and 

the lengths of the designed FIR equalization filter ˆ (z)W  is 180, 

Proceedings, APSIPA Annual Summit and Conference 2021 14-17 December 2021, Tokyo, Japan

1199



and of the estimated FIR transfer function of the secondary 

path ˆ( )S z  is 150 taps.  

Since the effect of the primary path ( )P z  is not considered 

in the tuning stage. However, we must take it into account in 

the real environment, the effects with and without the primary 

path ( )P z  in the equalization stage are experimentally 

analyzed, as shown in Fig. 6a. We can be found that when the 

primary path ( )P z  is unconsidered, the equalization filter 

ˆ ( )W z  designed by the band-pass filter ˆ ( )BPF z  in the tuning 

stage can effectively compensate for the passive noise 

isolation caused by earphones in the equalization stage and 

only focus on the spectrum in the 1-6 kHz bandwidth range. 

In addition, we can find that when considering the primary 

path ( )P z , the equalization filter ˆ ( )W z  is not needed to 

compensate for the low frequency below 1 kHz because the 

external sound of low-frequency is not attenuated by passive 

noise isolation. We can see that the transfer function of 

primary path does not affect the high frequency of HT 

function. The AHE algorithm proposed in this research 

assumes that the reference microphone signal of the target 

path ˆ( )T z  and the primary path ( )P z  must be the same (that 

is T Px x= ). Therefore, we compare the different reference 

signal on the AHE system, and we can find that the HT 

function is better using the reference signal Tx  of the target 

path. Unfortunately, the actual application uses the reference 

signal Px  from the primary path ( )P z , as shown in Fig. 6b. 

Finally, the effectiveness of the AHE algorithm was verified 

by the simulation results. 

 
(a) Analyze the effect of the primary path ( )P z  . 

 
(b) Analyze the effect of the different reference signals ( )Px n  and ( )Tx n . 

Fig. 6   Simulation of the equalization stage of the AHE algorithm to verify 

HT function, where the spectrums are taken from the error signal ( )Pe n . 

C. Real-Time Experiments 

    Real-time experiments were conducted to verify the active 

HT performance of the proposed AHE algorithm in real 

conditions. The length of the designed FIR equalization filter 
ˆ ( )W z  was 180 taps was the same as in the simulation. The 

pink noise was used as the excitation signal to analyze 

whether the proposed active HT function perfectly 

compensated for the passive noise isolation.  

Fig. 7 shows the DOA dependence of passive noise 

isolation and active HT function of earphone, where the light 

blue lines and light green lines are the passive noise isolation 

and active HT function measured for each of the 8 rotation 

angles, and then the blue and green lines by averaging these 8 

curves. The curve of the red line is the overall equalization of 

the earphones derived by the blue line equalization the green 

line, where show that the frequency-dependent gain in the 

hearing range (20 Hz-20 kHz) of a normal human hearing. 

Therefore, values below 0 dB correspond to sound attenuation, 

and values above 0 dB correspond to sound amplification. We 

can analyze whether the AHE algorithm compensates for 

passive noise isolation by the overall equalization curve 

(black line), where 0 dB means perfect compensation. Fig. 7 

shows the experimental results of the two pairs of earphones 

that the high frequency above 4 kHz is easily affected by the 

different DOA. This research uses a fixed equalization filter 
ˆ ( )W z . Therefore, it is not possible to adapt to high-frequency 

different sound DOA. However, before 4 kHz, the proposed 

research can effectively compensate for passive noise 

isolation, and the results of HT function are close to the 

commercial earphones.  

 
(a) Earphone by this research - Sennheiser, IE 40 Pro. 

 
(b) Commercial earphones - Apple, AirPods Pro. 

Fig. 7   Analyze the equalization performance of HT function. 
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The overcompensation between 7-8 kHz (red line) is caused 

by the bad design of the band-pass filter ˆ ( )BPF z . We should 

reduce the cutoff frequency Hf  to 4 kHz of the band-pass 

filter to avoid high-frequency overcompensation caused by 

the different DOA. 

IV. CONCLUSION 

This research implemented the AHE algorithm based on the 

modified FxLMS algorithm to derive the equalization filter 

for earphone to generate the pseudo-ambient sound of 

augmented sound. We verified the effectiveness of the 

proposed AHE algorithm through simulations and real-time 

experiments. It showed that the proposed system had good 

active HT performance before 4 kHz with the different sound 

DOA. The experimental results showed that the proposed 

earphone with HT function had similar results to the leading 

commercially available earphones. 
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