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As AR/VR rises, the demand for larger sound fields drives ongoing research and industrial manufactures in headphone soundscapes. In 

contrast, a systematic review of these studies and products is needed to help the headphone sound field designing in meeting AR/VR 

requirements. In this work, the principle of perception of the sound field is first explained, and then several headphones are tested and 

classified to form a review of enlarging sound field design. Utilized by both target frequency response curves and manufactured periods, 

these headphones are classified into three categories: open-front chamber design, large-closed-front chamber design, and computational 

virtual surrounding design. Upon our test, the open-front design showed great acoustic superiority over the large-close-front although 

many studies and products have proposed to implement the large-close-front design. Despite the application of psycho-acoustic, this 

review did not find computational virtual surrounding design significantly better than the other two. In conclusion, this review featured a 

combination of open-front design and virtual surrounding algorithms using neural networks. 

 

INTRODUCTION 

Since the invention of headphones by Nathaniel Baldwin in the 1920s, it soon became a trend to use musical reproduction 

for the superiority of economic and privacy reasons [0]. After the Walkman emerged and gained popularity, headphones 

diffused worldwide at an incredible velocity for their portable advancement [0-0]. 

Early headphone developments focused on enhancing the extension of bass and treble due to the poor performance of the 

transducer [4]. Sennheiser and AKG found that the bass response will be raised and extended deeper with a closed rear 

chamber attached to the back of the transducer. Therefore, a typical construction of headphones was proposed 

simultaneously, which contained a treble-preferred transducer, a rear chamber to extend the bass, and a conducting wire 

[5,6,7]. This design gained great success in the market for good reasons like clear audio quality, low price, and easy-to-

repair parts design. Due to the popular music genre, the bass was preferred at the time which the development of 

headphones was driven by [8,9,10]. John. C. Koss introduced the modern design of headphones in 1958 by enlarging the 

rear chamber and replacing the coupling foam pad with a closed-covered leather pad [11]. This closed-back design took 

the world by storm and set the standard for modern headphone design with the consideration of the front chamber such 

that the headphones could enjoy a sense of space and become an option in the high-end audio market [12,13]. 

With the evolution of the material and the fabrication of the transducer diagram, bandwidth is no longer a problem of 

headphone reproduction, and thus a new challenge arises in headphone designing. Despite the bass-heaving design, a 

natural tone with a clear sound field was targeted in this era with the proponent of the perceptual sound field. This design 

concept is aimed at simulating the sensing on the physical sound field via headphones with several factors [14,15]. Moller 

et al. defined the acoustic impedance of acoustic wave pressure over the wave velocity to present the sound resulting that 



can be imitated from the circuit [16]. This brings a standard to evaluate the “natural” of a headphone if the acoustic 

impedance of a headphone is close to the acoustic impedance of the air. Under this standard, closed-back headphones will 

hardly reproduce a natural sound since the closed design brings a high impedance inside the chamber. To survey the 

purpose of the new challenge, an open-back design was introduced such that the headphone acoustic impedance is close to 

the air propagation, enabling the user to experience a natural wide sound field via headphone reproduction, respectively 

[17,18,19]. 

Frequency response plays an important role in gaining a more natural sound. Early studies measured the frequency response 

of free field (FF) in an anechoic chamber that minimized the reflection and soon became the first standard for the headphone 

monitor [20]. However, the FF frequency response curve did not take room response into consideration and thus would 

not gain advantages in space sensing. To improve the feeling of space, diffusion field (DF) curve was proposed in the 

1980s [21].  DF curve was measured in a room with little absorption such that the observer points always received random 

reflection and reverberation from all directions. Another target response proposed by JBL is called the room gained curve 

[22,23]. This curve targeted the relationship between bass gain and room size. Very recent studies suggest that measuring 

the head-related transfer function (HRTF) to customize the compensation for individual persons [5,24,25]. Such a 

compensation can have a transparent sound. In some literature, another approach was proposed that measures the transfer 

function from the external ear to the reference point at the eardrum and compensates for this. However, as pointed out by 

Frederic L. Wightman and Doris J. Kistler, such compensation reproduced a finer free-field sensation [26]. 

Recent developments focused on reverberant field reproduction. This development is based on the control theory point of 

view that when the headphone’s transfer function is identical to a room response, the user will have a similar perception. 

By acoustic designing and DSP controlling, modern headphones can have a sound field close to a near-field monitor [27,28]. 

AR/VR is a rising industry. Future headphones will need a much larger sound field to correlate the virtual sound source to 

the vision. Here, a review of techniques that help to enlarge the headphone sound field is needed for future headphone 

development [29,30]. 

PERCEPTUAL SOUND FIELD RECONSTRUCTION 

Perceptual sound field reconstruction is critical for designing headphones. The theory of reconstructing a sound field in a 

perceptual way has been intensively studied and can be divided into two parts: sound localization and space sensing [31]. 

Sound localization refers to how the human ear system works to identify the direction and distance of a certain sound 

source. Space sensing presents how the human auditory system feels the size of the acoustic space. In this section, these 

two concepts are reviewed to evaluate the technique for enlarging the perceptual sound field of headphones [32]. 

Sound localization contains two main types of psychoacoustic factors: bi-aural cues and mono-aural cues. A simple model 

of the bi-aural cue can be present as inter-aural cues consisting of inter-aural level difference (ILD) and inter-aural time 

difference (ITD) [33,34,35]. The ILD describes a sound level difference between left and right ears while the ITD measures 

the arrival time differences between them. In the language of geometry, these two cues help to reconstruct both amplitude 

and phase angle that determine a vector pointing at the sound source. Studies have pointed out that a matching pair of ILD-

ITD in the frequency domain is the key to obtaining a clear direction of the sound source point. Therefore, a concept to 

describe how the ILD-ITD pair localizes the sound source is proposed as the Inter-aural Cross-Correlation (ICC) [36.37]. 

The ICC measures the cross-correlation coefficient between the two ears in both amplitude and phase at the frequency 

domain and thus can predict the sound imaging, respectively [38]. 

The mono-aural cue presents a modification from the outer ear and the ear canal. The shape of the outer ear acts as an 

angle-dependent filter and modifies the frequency response based on the incident angle of the acoustic wave. Thus, this 



angle-modified frequency-dependent ILD-ITD pair enabled a high-accuracy sound localization [39]. However, due to the 

shape differing on each person, the Head-Related Transfer Function (HRTF) was proposed to measure the individual 

audience's transfer function for a better sound localization reconstruction. The HRTF studies consider the outer ear shape, 

head size, shoulder width, etc., and thus can reconstruct the angle-dependent filter for the individual audience. Therefore, 

applications based on HRTF have obtained superiority compared to other mechanisms [40,41,42]. 

Since reverberant space is the most common space, understanding the reverberant space could extract the key to space 

sensing [43]. Reverberant space has sound reflection, diffusion, reverberation, etc. with the frequency response called the 

DF curve. If a sound source were put in a reverberant space, the audience would first hear the directly delivered sound, 

which is called the direct sound or dry sound [44]. With a hard boundary, the acoustic wave would be reflected and 

delivered delayed to the audience [45,46]. The delay time is the first impression of the acoustic space size, longer delay 

time indicates a larger room space in the reverberant field. The decay rate defined by the magnitude ratio of direct sound 

and early reflection also affects the room sensing. Although irrelevant to the room size, this ratio characterizes the wall's 

material and helps identify the scenario [47]. Cross-feed is critical for room sensing. Originally cross-feed is applied to the 

stereo reproduction case in Figure 1A. When two speakers work together, one may have that ear from one side of the head 

receiving the signal from the other channel. i.e., the left ear hears the sound from the right speaker. In the reverberant field 

situation like Figure 1B, cross-feed can be used when applying the method of image charge. This method treats the 

reflection sound as a virtual source mirrored by the boundary and thus, a sound source on the left can create a virtual source 

beyond the right boundary and obtain the cross-feed to enhance the space characterization.  

 

Reverberation is the directionless echo that happens after reflection. To reconstruct the reverberation, one may need the 

magnitude and the relaxation time. In the spectral studies, the relaxation time is linked to the spatial resolution that the 

math description follows the form of sin(ω *t) *exp(-t/τ) where the ω characterizes the excitation frequency and τ for the 

relaxation time. If the on-off test is applied to the acoustic system, the ω then becomes F0 which is the low cut-off frequency 

of the system [48]. Applying the Fourier transform to the math expression, one may find a Gaussian peak broadening in 

which the τ is exactly full wave half maximum (FWHM) and hence affects the spatial resolution. Like the IACC, there’s 
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Figure 1. A: cross-feed FROM STEREO SPEAR SETUP; B” CROSS-FEED FROM image sound 

source. 



an Inter-aural Cross-coherence (IAC) that measures the difference between left and right ears on the perception of the 

reverberation. Studies have shown that IAC can help to determine the distance between the audience and the sound source 

in a way that the more similar the left-to-right reverberation is, the closer the sound source. According to the literature, 

cross-feed can be related to the room's width and image of the sound while the reverberation can be linked to the room's 

depth [20]. 

THE OPEN-FRONT DESIGN 

AKG K1000(KK) has gained a lot of commendation due to its open-front design. By canceling the front ear cup, the KK 

achieved the free-field coupling that enables an extremely large sound stage.  An interesting design of KK is the incident 

angle could be changed up to 67.2° by introducing an axis in the frame [45,46]. This enables a simulation of a near-filed 

loudspeaker situation regardless of the room-sensing application. Figure 2B presents the FR of KK in terms of the incident 

angle measured by miniDSP’s dummy head. According to the point view of the HRTF, changing the incident angle varies 

the transfer function modification, however, the dummy head measurements at ear-drum-reference did not show obvious 

change after the HRTF modulation. Instead, distance increment-induced reduction can explain the treble reduction. One 

should notice  

 that 

the 5000 Hz peak indeed came from the dummy head setup while the 3000 Hz peak should be signed as the free-field 

characterization peak. This indicates that the HRTF modification is not the major factor for the perceptual sound field 

variety by changing the incident angle. Practices have been done to find the best incident angle and many reports support 

that the optimal incident angle is about 22° that the driver unit points directly to the outer ear, minimizing the reflection 

and resonance at the ear canal entrance. One hypothesis is that the human auditory system might be sensitive to the average 

pressure level and the flow, which requires an in-depth experimental study. 

Advanced room simulation can be done by simply adding cross-feed and reverberance as Figure 4. Approximately 20-30% 

cross-feed and about 1:0.4 for the dry: wet sound ratio (KK max incident angle) will simulate a 4-ince near-field monitor 

regardless of sound color. Of the best incident angle, about 15% cross-feed with a dry-sound-only setup can reproduce a 
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Figure 2. A: AKG K1000; B: frequency response on the open-angle; C: smoothed frequency response 

normalized to the 0°. 



boundless sound. Crossfeed also improves the experience of a larger angle since the larger the angle, the wider the 

horizontal but shorter the lateral perceptual sound field. Crossfeed can elongate the lateral and therefore realize a more 

neatual sound field sensing. 

 

Apart from KK, Sony also produced some impact on open-front designing. PFR-V1 is the model that shares a similar idea 

to KK with a fixed, unusual incident angle of approximately 67.5°. With the “PFR” stands for “Personal Filed Speaker”, 

PFR-V1 uses a one-inch dome as a full-range dynamic acoustic unit with a bass waveguide to extend the low response [0]. 

However, the raw FR shows a serious bass leaking issue compared to the KK shown as the blue curve in Figure 4B. 

Equalizing corrections are applied and shown in Figure 4B as the orange curve, with ignorance of the harmonic distortion 

problem, respectively. It can be noticed that even with the bass correction, the cut-off is still high at around 150 Hz which 

is due to the high F0 of the dome-type dynamic  

driving unit. The 100—1000 Hz band shows a similar trend to KK which targets an FF  (free field) coupling but with bass 

lifting. This free-field response similarity enables V1 to share the same room simulation parameters, however, due to the 

leaking, the audience experience is not as incredible as AKG KK with a much smaller perceptual sound field and the 

unusual displacement angle only shifts the perceptual sound field to the front a bit. Nevertheless, the audience can always 

claim an advance in the surrounding sound and apply Dolby or DTS to gain an immersive experience which will be 

reviewed in the later chapter.  
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Figure 4. A: Sony PFR-V1; B: raw frequency response(blue) and bass corrected frequency response (orange). 



 

To solve this leaking issue, semi-open-front design was introduced as MDR-F1 and the successor MDR-MA900. Like 

PFR-V1, MDR-F1 also uses a fixed angle but with approximately 20° only, which is close to the angle study of KK [49]. 

A large bio-dynamic driving unit with a wider band is used to avoid the high cut-off, as shown in Figure 5C. One can easily 

correct it to a flat band such that the reproduced amplitude distribution remains the same. Here, the semi-open-front is 

named because the front resonance chamber only has part of it exposed to the air. Better performance of FR can be found 

in MA900 because of the less-opening design. Reducing the degree of openness made MA900 a more traditional headphone 

but with a much larger bass- 

leaking threshold. Hence, although with a boundless sensing of the perceptual sound field, the MA900 still sounds like a 

traditional headphone. 

THE LARGE-CLOSE-FRONT DESIGN 

Modern headphone design prefers the large-close-front. Although open-front design can provide a large perceptual sound 

field, disadvantages arise from the design like interference from the environment [50]. Early designs of this type can be 
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Figure 5. A: Sony MDR-F1; B: Sony MDR-MA900; C: frequency response of F1 and MA900. 



traced back to the 1980s with a famous example of Stax SR-Sigma (Figure 6A). The schematic of Sigma is presented in 

Figure 6B as a subplot. Stax placed the electric driving unit in front of the ear canal which is like the maximum opened 

KK but with the front closed. Physical reflection and reverberance are introduced by the design and controlled by the 

absorbing foam inside the chamber. Therefore, this type of design naturally simulates a room by pairing headphone 

impulse-response (HpIR) to a room impulse-response (RIR). Sigma’s FR is presented in Figure 6B which shows that the 

overall trend follows the room static curve with the characteristic resonance at about 60 Hz. This characteristic implies that 

the target room is at least the size of 5.72-by-5.72 square meters. However, the listening test did not suggest that this large 

room target was achieved since the sensing of Sigma’s perceptual sound field is smaller than expected. Unlike PFR-V1 

still has sound localization from the back, all of the localization by Sigma comes from the front but hard to distinguish the 

front-and-rear distance between the drum and the vocal, like squeezed into the same plane, making the sensed sound 

distributed like an ellipsoid. Other than the worse performance on the longitudinal perceptual sound field, the lateral is not 

large enough either. It could be because of the reflection and reverberance which also lower the resolution. Also, the 

distance between the driving unit and the ear canal entrance can affect the room size sensing that the closer the driver, the 

smaller the size.  



 

Similar structures could be found in Ultrasone S-logic techniques. As shown in Figure 6D, the S-logic technique placed 

the dynamic driving unit asymmetrically but pointed to the ear canal entrance. This design followed the idea of Stax Sigma 

but modern in terms of unit displacement. Unlike Sigma’s extraordinary case, S-logic tuned the displacement angle and 

the leather pads to balance the reflection, reverberance, and direct sound such that a closer imitation could be present.  This 

work tested the headphone model Edition 10 （Figure 6C） to review the S-logic technique. Figure 6D presents the FR 

of Edition 10. Like the STAX Sigma, Edition 10 follows the room static response curve with characteristic resonance at 

around 50- 60 Hz, and consequently, the perceptual sound field is not large either. Improvement has been introduced via 

the structural advance: tilted displacement would not squeeze the sound field as the front displacement and the clarity is 

undoubtedly enhanced due to the shorter reverberate relaxation time. In all, neither extraordinary attempt met the target of 

reproducing a room feeling using headphones. Still, such attempts overcome the in-head localization effect and are 

followed by modern headphone designs.  
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Figure 6. A: Stax SR-Sigma; B: frequency response of Sigma with subplot shows the schematic; C: Ultrasone Edition 10; 

D: frequency response of Edition 10 with subplot shows the schematic. 



 

Figure 7A shows the FR of three generations of AKG headphones which reflect the modern headphone evolution. All three 

generations use a large closed-front design but with a certain percentage of leakage to reduce the unwanted reverberance 

for clarity. Early products like K501 share the target FR with KK (free field) and hence are considered another KK or small 

KK. The K501 used a fabricated front chamber and earpads such that the restriction and reflection at the 

boundary were minimized. Evolution from K501 to K701 has been done by replacing the earpads with valve material and 

using a denser front chamber design to lift the bass response. In consideration of higher reflection, it’s reasonable to change 

the target curve to diffusion field response. Modern products like K812 pro do not prefer a single target, they use a 

combination of FF and DF, or DF and room static curve which can also be seen in Figure 7B. Both Sony MDR-SA50000 

and Sennheiser HD 800 place their dynamic divers at approximately 10°. The distinctive FR of these two should be 

analyzed on the designer’s philosophy.  The SA5000 was introduced with SACD and stressed the treble reproduction 

quality, therefore the dynamic driver was equipped with a light coil and thin membrane which introduced characteristic 

peaks at around 4000 Hz and 10, 000 Hz. The designer preferred the speaker performance in an anechoic chamber hence 

the FR trend at a combination of FF and room static curve. On the other hand, Sennheiser’s designer preferred the chamber 

room for classical music and chose the combination of FF and DF to present a realistic feeling when designing HD 800. 

In contrast to SA5000, HD 800 uses an extremely large ring radiator (56 mm in size) which focuses on the bass reproduction 

quality and therefore less peak at treble, only a broadened 3000 Hz [0]. All five headphones here can reproduce a wide 

range of perceptual sound fields comparable to a 3-inch near-field monitor and become a headphone design guideline.  

A very recent commercialized design of Drop OAE1 in Figure 8 shows a different case. This model also proposed a large, 

tilted angle displacement (Figure 8B) with the FR shown in Figure 8C to simulate a front-coming diffusion field. The 

Figure 7. A: Frequency response of AKG K501, K701, and K812 pro; 

B: Frequency response of Sony MRD-SA5000 and Sennheiser HD 800. 
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author claimed that this design can imitate a neutral feeling in a real acoustic environment. Although with a large degree 

of tilted angle (about 60°) as in Figure 8B, OAE1 does not show any superiority in the perception of the sound field whose 

reason is complex. One possibility is the reverberation time. 

 

As followed by the design guideline of Sennheiser HD 650, OAE1 performs a longer but uniform reverberation than other 

headphones. Longer reverberation time leads to a narrow sound field perception in HD 650 and similarly in OAE1, 

nevertheless, according to the lessons from AKG KK and STAX Sigma, larger tilted angle displacement can introduce a 

wider horizontal but narrower lateral sound field which gratefully fits the drawback of HD 650 and successfully realize a 

circular perceptual sound field, and consequently, the in-head localization becomes a problem of OAE1 in contrast to other 

modern headphones. Another possible reason arises from the distance between the driving unit and the ear canal, like the 

STAX Sigma [51].  

Virtual 3D surrounding technology 

After digital audio technologies were introduced to audio mixing and reproducing, virtual surrounding technology became 

popular with people for enjoying music and movies in 3D sensing [13]. Early virtual surrounding technology is based on 

vector-based amplitude panning (VBAP), which is the same as Dolby and DTS’s 5.1/7.1 surrounding technology. The idea 

is simple: by imitating the acoustic environment at a surrounding theater, the virtual surrounding experience can approach 

the real one using headphones. Early surrounding headphones like AKG K290 (Figure 9A) and the ASUS ROG theta 7.1 

Figure 8. A: Drop OAE1; B: the image of tilted angle (red circle); C: frequency response of OAE1. 

B A 

C 



keep the physical channel and let the chamber do the 

  

surrounding work. This design guarantees a directional sound coming from the side and back, but cons arise as well: 

interference and reverberation destroy the experience of surroundings [18].   

Pioneer and Sony proposed improvement in 2000, with Dolby and DTS cooperating in virtual surround technology. As 

shown in Figures 9C and 9D, the proposed system uses a single driver unit on each side of the headphone and creates a 5.1 

virtual surround sound with the mechanism in Figure 10A. One may note that it’s not always necessary to have HRTF 

modification, in fact, the Sony DS-8000 system does not apply the HRTF [52]. Owing to the same open-front design 
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Figure 9. Virtual surrounding headphones A: AKG K290; B: ASUS ROG theta 7.1; C: Pioneer DRS-3000C; D: Sony DS-

8000. 

D 



  

as MDR-F1, the DS-8000 system originally had a speaker-comparable perceptual sound field and simply applying the 

VBAP with matched ITD-ILD pair is enough to reproduce a surrounding sound field via headphones. Moreover, the DS-

8000 system is equipped with a dual-channel IR system, allowing head-tracking functionality, and providing a more 

realistic feeling. More common designs are like Pioneer DRS-3000C: compact front chamber design to suppress reflection 

and reverberation; gaming aid usually features the close-back while home theater prefers the open-back for better clarity 

in space-sensing [53]. In some cases like Google VR video, first-order ambisonics (FOA) is applied and the decoding 

mechanism is shown in Figure 10B with the incident angle panning in a spherical way. In general, FOA uses less 

microphone array to provide similar information as the Dolby/DTS system, but the user’s experience is close.  
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Figure 10. Virtual surrounding headphones diagram using HRTF filter. A: 5.1 Surrounding system; 

B: First order ambisonics system. 
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The listening test reports that the DS-8000 system could approach the realistic feeling of a home theater best among the 

four followed by the AKG K290 due to the DF target curve [54]. The DRS-3000C reproduced sound does show a 

directional feeling, but the imaging is softened and vague with narrowed sound field sensing. The physical multi-channel 

headphones ranked the worst for driver interference. So far, it is clear that realistic sound field perception requires the 

headphones to be wide-filed, i.e., extra channels can improve sound localization but not sound field externalization. 

Figure 11. Advanced virtual surrounding headphones using Dolby Atmos or Higher order ambisonics. A: Apple 

AirPods Max; B: Audeze Mobius and C: HRTF customization setup for Mobius. 
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Based on these observations, advanced headphone models for spatial sound reproduction are proposed in Figure 11. Figure 

11A presents the Apple AirPods Max (APM), which uses Dolby Atmos technology with a built-in and easy-to-set HRTF 

measurement. Figure 11B presents the Audeze Mobius using the Higher-order ambisonics (HOA) technology from Wave 

NX. Figure 11C presents the customization panel for each user's individual HRTF using several parameters like head 

circumstance [55]. These techniques allow more channels to localize the sound object (Dolby Amos of 60, HOA of 64) 

than the surround sound system in Figure 10. The improved sound field reproducing process is shown in Figure 12. The 

HRTF will first modulate each channel or sound object to form the direct sound for sharp imaging, and then a delayed 

multi-channel scattering process based on HRTF simulates the early reflection from the wall, and finally a reverberator 

reproduces the sound diffusion and reverberant on the room size impression [12]. Such a process therefore rebuilds the 

acoustic process of a real home theater and, as long as the headphone’s design suppresses all kinds of reflection and 

reverberation, the user’s perception will be hard to distinguish from the real one.  

Practical listening agrees with that. Although the sound field depends on the source, both APM and Mobius preserve the 

sense of the space with no in-head localization effect. They can hear the reproduced “speak person” step close or distant 

clearly from the back without any dangling, even though both are designed in a close-back way [55]. Additionally, APM 

and Mobius track the head movement using a gyroscope sensor, increasing the “trustability” like the DS-8000 system. 

Comparisons to the KK system (with room simulation) and the DS-8000 system are done here. No doubt that the Dolby 

Atmos and HOA systems show a great ability to sense the back and side, but the front situations can be different [56,57,58]. 

Both the KK and the DS-8000 systems win the game since they have an open-front chamber with a tilted driver 

displacement [59,60]. This design allows the outer ear to do its job, or in other words, much finer individual HRTF than 

the simple measurement or statistical model with a hint from the aerodynamic ---- airflow from the front may imply a 

Figure 12. Virtual surrounding headphones diagram using Dolby Atmos or Higher-order ambisonics. 
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front-coming sound [61,62]. An AR/VR preferred design could be drawn from the comparison: open or closed, this design 

must suppress everything other than the directly delivered sound with a tilted driver to maximize the use of the outer ear, 

then the same system measured HRTF should be applied in reproducing the early reflection and reverberant[63]. 

Neural networks approach 

Although it’s a new field of acoustic studies, neural networks have already taken a place in noise pattern classification and 

cancellation in industrial products and the myth is simple [4]. Neural networks are considered as an approach to any 

function depending on training data. Feeding networks with a sampled speech in noise environments and desired pure 

speech signals then can train a network to filter out the background noise with the vocal voice keeping [56]. 

A recent thesis by Teodors Kerimovs tapped into this field and proposed a Recurrent Neural network (RNN) model to 

simulate an actual loudspeaker in acoustic environments. The method is presented as the following [0]:  

Prepare several stereo waveform files that cover different music genres and human listening bandwidth. 

 Record the loudspeaker system using a dummy head using the inner microphone and prepare the input-response dataset. 

Train the RNN model using 90% of the dataset and use the reset 10% as a test. 

One may recognize this process that the RNN emulates a Binaural Room Impulse Response (BRIR) of such a speaker 

system.  Studies on BRIR and headphones have pointed out that convoluting BRIR before the signal drives the headphones 

can reproduce the acoustic field characteristics and consequently reproduce the feeling of a real sound field in a virtual 

world [15,57]. 

 A design of computational method to enlarge and externalize the perception of sound field then can be proposed: 

Prepare several stereo waveform files that cover different music genres and human listening bandwidth. 

Record the headphones system (direct sound only) using a dummy head and prepare the input dataset. 

Record the Dolby Atmos or HOA loudspeaker system using a dummy head and prepare the response dataset. 

Train the RNN model using the input-response dataset and emulate a mapping function that transfers the field of a 

headphone to a field of theater. 

 

SUMMARY 

In this work, several headphones are studied to expand the externalized virtual sound field for the future use of AR/VR.  

Based on the theory of reverberation filed reproduction and HRTF, three types of headphones are proposed, reviewed, and 

listed the open-front design, large-closed front design, and virtual surrounding technology.  

Overall the open-front design wins the game as this type presents the largest reproduction of the sound field over the other 

two. Especially, studies from AKG K1000 have shown that the best matching incident angle between the ear canal entrance 

and the headphone driving unit is about 22°. Several large-closed-front-designed headphones violate this angle like STAX 

Sigma and Ultrasone Edition 10, and the listening test did not show positive for these designs, no matter with larger angle 

or asymmetric displacement. However, these displacements developed modern headphones and inspired Sony and 

Sennheiser to better products, despite the Drop OAE1.  One can notice that these two designs are distinguished: one for 

the free field and one for the reverberant field, and modern headphones thus realize a reproduction of acoustic room 

response by adjusting the physical process in the front chamber.  

Virtual surround sound is based on the model of how the human ear senses the room. Therefore, the acoustic tuning of this 

type of sound mostly only contains direct sound, so the reflection and reverberation can be customized to any room. An 

interesting finding arising from testing virtual surrounding headphones is that although algorithms can cheat human ears, 

the largest sound field reconstruction is agreed to be the Sony DS-8000 system that combines room simulation and open-



front design. In fact, an appropriate incident angle and simply applying cross-feed can simulate a near-field monitor in 

reviewing the AKG K1000. Thus, this work proposed that this type of combination serves the AR/VR use better, with the 

neural network constructing a mapping from headphone response to the desired room’s response. 

 

DATA AVAILABILITY STATEMENT 

No new data were created or analysed in this study. 
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