Evaluation of headphone phase equalization on sound reproduction

ABSTRACT  

Headphone-to-eardrum transfer function (HETF) equalization is critical to improve headphone reproduction quality. How to set a target headphone response for equalization is still elusive. The present research studies the effects of magnitude equalization and phase equalization on headphone reproduction in separation as well as in combination through objective and subjective experiments. The objective experiments show the linearity of phase response is positively relevant with the decay speed of the corresponding transient response. The subjective experiments show that the target of a linear phase response can significantly improve headphone reproduction quality while the target of a flat magnitude response can’t.
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1. Introduction

Headphones, as important sound reproduction devices, are widely used in modern communication, household audio players, virtual reality, smart devices and hearing aids. During headphone reproduction, with a non-ideal electroacoustic system and the headphone-auricle-eardrum coupling, the headphone-to-eardrum transfer function (HETF) [1] always contains obvious peak-valley shapes in the magnitude spectrum which affects the original timbre and spatial reproduction [2]. Headphone equalization can adjust the HETF characteristics (e.g., peak-valley structure of the magnitude spectrum, phase spectrum, etc.) to realize a target response and improve the headphone reproduction performance. One headphone can effectively be transformed into another one by means of headphone equalization [3]. Objective metrics and subjective assessments for sound quality on headphones have been investigated especially over the recent years. Previous research suggests that the magnitude response is a major factor in listener preference scores [4-6]. The magnitude response shows the headphones’ability to reproduce different audible frequencies, which determines the perceived timbre of the headphones. A system exhibiting a flat magnitude response is more accurately reproducing an input through the output. A flat magnitude response is an important objective metric in loudspeakers [7,8]. However, whether a flat magnitude response is important for headphones and how to design an optimal target magnitude response is still elusive and controversial. Previous research shows that listeners have different preferences for their own optimal frequency response curve [5,6,8-10], and listeners do not usually prefer a completely flat headphone frequency response [5,8,10]. A recent study even points that there is no correlation between headphone magnitude response and retail price [11]. Some studies show [6,9,10] that the most preferred headphone target responses were based on a new target that simulates the in-room response of a high-quality loudspeaker system calibrated in a room. The preferred target responses have considered the filtering effects of sound diffraction by the head and the ear as well as sound transmission in the ear canal. 

The phase response is an important but often overlooked characteristic of accurate sound reproduction. Proper phase is what gives accuracy of its depth, presence and sound stage. The phase response is also called the phase response in this paper. Previous studies have investigated the effects of phase response of loudspeakers on sound reproduction [12-14], and found that linear phase response of a loudspeaker can improve its reproduction effects. However, as the boundary condition of sound transmission in the ear during the headphone reproduction is different from that during the loudspeaker reproduction, whether a linear phase response of HETF is critical to headphone reproduction is an open question. Breebart recently also pointed that there were no research on the perceptual implications of the phase response of headphones [11]. This motivated our present work to study the effect of the phase response on perceptual sound quality of headphones. 
The transient response of HETF reflects the tracking ability of a headphone to burst signals [7]. A transient response is the response of a system to a change from equilibrium in the time domain. The impulse response and step response are transient responses to a specific input (an impulse and a step, respectively). This study only presents the results of the impulse response to investigate the transient response. Generally, the quicker the attenuation of the transient response is, the smaller the distortion is. However, whether quick attenuation of the HETF’s transient response can bring significant effects on perceptual headphone quality was seldom investigated. The present work studies the effect of transient response on subjective evaluation of headphone reproduction. 

To separate the effects of magnitude and phase characteristics on the sound quality of headphones, three equalization methods are used, including the magnitude equalization method, the phase equalization method and the magnitude-phase equalization method. The magnitude equalization method aims at a flat magnitude response while the phase response is not linear. The phase equalization method aims at a linear phase response while the magnitude response is kept as original. The magnitude-phase equalization method aims at a flat magnitude response as well as a linear phase response. The three methods as well as the unprocessed method are compared together. Through objective evaluation, whether the different equalization methods can achieve their individual equalization goals are shown. In addition, the relationship between the linear phase and the attenuation attribute of transient response are investigated. Through subjective experiments, the effects of the linear phase response and the flat magnitude response on headphone reproduction are investigated. 

The structure of this paper is as follows. Firstly, the principle and methods of equalization used in the present research are introduced. Secondly, the HETF measurement procedure and measurement repeatability are introduced to show how to select an appropriate headphone to equalize. After that, objective evaluation of the different equalization methods is given. Then, subjective evaluation of the different equalization methods is presented. Finally, conclusions are given to justify the effects of different equalization methods on headphone reproduction.
2. The principle and methods of headphone equalization 
2.1. The principle of headphone equalization
During headphone reproduction, the HETF reflects the transfer function from the headphone input to the acoustic signal at the eardrum as follows:
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To offset the effects of the HETF, the intended acoustic signal
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denotes the kth frequency component of the equalization filter.
To precisely reproduce the intended acoustic signal, the acoustic signal at the eardrum should be equal to the intended acoustic signal, that is, 
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   Therefore an ideal headphone equalization is a fully inverse filter of HETF. In order to keep causality and stability [15] of the equalization filter, the target equalized function is accompanied with a certain time delay. In practice, due to the differences between individual ear canals, the HETFs are different between individuals. Thus, with a common headphone equalization filter, the equalized HETF may show a flat magnitude response for one listener, but not for other listeners. Luckily, a flat magnitude response might not be an ideal equalization target for subjective evaluation. However, how to set an appropriate equalization target and develop non-individualized equalization methods to satisfy most subjects is worthy of study. 

2.2. Methods of headphone equalization

Three equalization methods are used to realize different equalization goals. The magnitude equalization method is adopted to realize a flat magnitude response without a linear phase response. The phase equalization method is adopted to realize a linear phase response and keep the original magnitude response. The magnitude-phase response aims to realize a flat magnitude response and a linear phase response. Evaluation the three methods can help understand the separated and combined effects of a flat magnitude response and a linear phase response.

2.2.1. Magnitude equalization method
Some classic equalization methods focus on magnitude equalization without consideration of phase equalization, e. g., infinite impulse response (IIR) parametric filters [16], fixed-pole parallel filters [17] and Kautz filters [18]. One of the characteristics of Kautz filter design is independent of rearrangement of the pole set. The Kautz filter equalization method achieves magnitude equalization targeting on a flat magnitude without consideration of phase equalization [18]. The generic form of a Kautz filter is given by the transfer function :

[image: image11.wmf]Õ

å

å

-

=

-

*

-

=

-

*

=

÷

÷

ø

ö

ç

ç

è

æ

-

-

÷

÷

÷

ø

ö

ç

ç

ç

è

æ

-

-

=

=

1

0

1

1

0

1

0

1

1

1

)

(

)

(

i

j

j

j

N

i

i

i

i

N

i

i

i

z

z

z

z

z

z

z

z

z

G

z

H

w

w

,               (4)

Where
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2.2.2. Phase equalization method
The excess-phase equalization uses an all-pass filter as proposed in Greenfield and Hawksford [19], which is formed from the time-reversed, time-shifted, and time-windowed all-pass impulse response with a proper pure delay determined by the designer. However, it should be noted that the noncausal nature of the equalizer will cause pre-ringing effects. The audibility and annoyance of these effects depend on their relative length compared to the time constant of the ear, with values ranging from 30 to 200 ms. Thus the length of the pure delay must be controlled to be less than the time constant of the ear to avoid pre-ringing effects [20]. 
To realize a linear phase response and keep original magnitude response,
phase equalization in the frequency domain is utilized. The HETF in the time domain is transformed into frequency components through Fourier analysis, and the phase response is derived. The phase response of the equalization filter is the expected linear phase response minus the original phase response. The magnitude response of the equalization filter is set as 1 on each frequency component. The derived equalization filter in the frequency domain is transformed into time domain through inverse Fourier analysis. 

2.2.3. Magnitude-phase equalization method

In this study, the finite impulse response (FIR) method (a linear phase FIR bandpass filter) [21] aims to achieve multiple objectives simultaneously: (1) a flat magnitude response; (2) a linear phase response.
FIR is based on a least-square method which uses regularization filter to reduce error. It has been shown in [22] that regularization helps to reduce temporal aliasing artifacts in the equalized impulse response. In frequency domain, the filter is formulated as follows [21] :
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Where
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3. Methods of headphone selection
3.1. HETF measurement experiment

Since the way headphones are worn affects HETF, it is necessary to select the headphones with nice repeatability to improve the effectiveness of the equalization [23]. There are many different types of headphones, which all have their pros and cons in divergent listening environments. ITU Telecommunication Standardization Sector (ITU-T) categorizes headphones into four groups: circum-aural headphones, which are placed completely around the ear against the head; supra-aural headphones, which are placed on the pinna(also called on-the-ear headphones); intra-concha headphones, which are placed loosely in the concha cavity of the ear; and in-ear/insert headphones, which are inserted tightly into the ear canal [24]. Two types of headphones are used in our experiments: 1) AKG k313 intra-concha (indentified as HP1) and 2) Sennheiser HD202 circumaural (identified as HP2).

Previous studies [1,23] demonstrated that, due to the one-dimensional acoustic transmission characteristics within the ear canal, any point in the ear canal can be used as the microphone position to record the sound transmission from the headphone, which does not affect the final equalization. The HETF repeatability can be measured at any point between the ear canal and the tympanic membrane. For subjects, the probe microphone is usually placed 1 mm～2 mm away from the tympanic membrane to measure the HETF, which has a certain degree of difficulty and risk [25], and the probe microphone’s frequency response and sensitivity are poor, which affects the signal to noise ratio and the measurement accuracy [26]. Headphone measurements on subjects show big variability [27] between individuals. Therefore, the measurement on a standardized dummy head is preferred. HETF is usually measured using an artificial head. The Bruel & Kjær 4128C head and torso simulator (HATS) was used in a soundproof room to measure the HETF [28]. Although the HATS measurements may not be completely accurate to match all people, the measured responses for each headphone are highly consistent, which makes the comparison between different headphones reasonable. 

The flowchart of HETF measurement principle is shown in Fig. 1. All measurements were carried out in a soundproof room, using an 8191-point maximal length sequence as stimulus. The stimulus was repeated 8 times to improve the signal-to-noise ratio [26], and was transmitted through the headphone to the eardrum reference point (DRP) of the HATS. A pair of microphones (B&K 4192) were used to record binaural signals. The output of the microphones was passed through B&K PULSE, and then fed into the computer. All stimulus generation and data acquisition were performed with 16-bit quantization and at a sampling rate of 44.1 kHz, and then filtered by the inverse function of microphone’s free-field response to remove the influence of the microphone. Finally, each headphone was measured four times to verify its measurement repeatability and the headphone was removed and repositioned between measurements.

[image: image19.emf]computer

computer

B&KPULSE

B&KPULSE


Fig. 1. Flowchart of HETF measurement principle.
3.2. HETF measurement results and analysis

 Figure 2 shows the measured HETFs of two types of headphones, each with four repetitions in the frequency range between 20 Hz and 20 kHz. The magnitude responses are presented in Fig. 2(a) and (b), and the corresponding standard deviations are given in Fig. 2(c) and (d) respectively.
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(c)                                   (d)

Fig. 2. Four repeated measured HETFs for two headphones. (a) Magnitude response of HP1; (b) Magnitude response of HP2; (c) Standard deviation of HP1; (d) Standard deviation of HP2.

Fig. 2 (a) and (c) show that the HETF measurement repeatability of HP1 headphone is good. The standard deviations of magnitude response below 18 kHz are all less than 2dB (see Fig. 2 (c)). This is due to the direct coupling between the intra-concha headphone and the ear canal. Fig. 2(b) and (d) show that the HETF measurement repeatability of HP2 headphone is good. The standard deviations of magnitude response below 9 kHz are all less than 3dB (see Fig. 2 (d)). The repeatability of circumanural headphone is affected by multiple factors: 1) pinna coupling, 2) ear canal resonance, 3) the repositioning of headphones between measurement repetitions.
In our experiment, both HP1 and HP2 headphones have high repeatability which are suited for headphone equalization experiments. Our measurement is also consistent with previous studies that intra-concha headphones and circumaural headphones have good measurement repeatability [29,30]. 

4.  Objective equalization evaluation
When the headphone is equalized, changing the frequency response without any limitation may distort and even damage the headphone. Therefore, it is necessary to design a target function based on the ceiling performance of the headphone itself. We chose not to equalize the headphone below 50 Hz (to avoid low frequency distortion) and above 16 kHz due to measurement errors related to headphone position on the coupler. Both HP1 and HP2 headphones are equalized through the equalization methods illustrated in Sec. 2.2. The results of the HP2 headphone left ear are presented in this paper. 
4.1. Magnitude response
4.1.1. Metrics of magnitude response

Magnitude response shows how the magnitude of system response changes with frequency. It is an important characteristic that reflects the headphone’s fidelity and timbre. The mean square error of magnitude response shows the deviation of the magnitude response from a flat response, and is formulated as follows [31].
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4.1.2. Equalization Results of magnitude response

The magnitude responses with different equalization methods are shown in Fig. 3. The frequency range is between 20 Hz and 20 kHz. As shown in Fig. 3, the phase equalization method keeps the original magnitude response (Fig. 3(a) and (d)). Other methods produced a nearly flat magnitude response (Fig. 3(b) and (c)). To achieve high quality on ground bass, we need to raise bass a bit higher than other frequencies. As shown in Fig. 3 (b) and (c), the magnitude equalization method and the magnitude-phase equalization method also produced a nearly flat magnitude response with a bass raise around 80 Hz.

The mean square errors of magnitude responses with different equalization methods are calculated through Equations (6) and (7) and shown in Table 1 with frequency range between 50 Hz and 16 kHz. As shown in Table 1, the mean square errors of unequalized and phase equalization methods are 4.22dB and the mean square errors of magnitude-phase equalization and magnitude equalization methods are much less than 4.22 dB. These results have matched our target responses of different equalization methods. 
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Fig. 3. Magnitude frequency response of different equalization methods: (a) unequalized, (b) magnitude-phase equalization, (c) magnitude equalization, (d) phase equalization.

Table 1 

The mean square errors of the magnitude responses of headphone HP2 (dB). 

	unequalized
	magnitude-phase equalization
	magnitude equalization
	phase equalization

	4.2
	0.3
	0.5
	4.2


4.2. Phase frequency response
4.2.1. Metrics of Phase response

Phase response shows the frequency-dependent phase differences between input and output signals. The linearity of phase response is evaluated through the mean square error of group delay response. The group delay response is the time delay of the magnitude of different frequency components in response to a stimulus. The more linear the phase response, the less the mean square error of the group delay response is. Without phase distortion, the value of group delay response is a fixed number and its mean square error should be zero.

4.2.2. Equalization Results on Phase response
The Equalized phase responses and group delay responses are shown in Fig. 4 and Fig. 5, respectively, with frequency range between 20 Hz and 20 kHz. The mean square errors of the group delay responses are shown in Table 2. Fig. 4 and Fig. 5, show that the magnitude-phase equalization method and phase equalization method can produce linear-phase responses while the magnitude response cannot. Table 6 shows that the phase equalization method can produce the least mean square error of the group delay and thus the most linear phase response. 
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Fig. 4. Phase frequency response of different equalization methods: (a) unequalized, (b) magnitude-phase equalization, (c) magnitude equalization, (d) phase equalization.
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Fig. 5. Group delay response of different equalization methods: (a) unequalized, (b) magnitude-phase equalization, (c) magnitude equalization, (d) phase equalization.

    Table 2

Mean square error of group delay for headphone HP2 (ms). 

	unequalized
	magnitude-phase equalization
	magnitude equalization
	phase equalization

	0.28
	0.09
	0.27
	0.05


4.3. Transient response

4.3.1. Metrics of transient response

   Transient response refers to the relevant component that occurs instantaneously after the excitation signal is accessed, and it will disappear over time. Transient response shows the ability to track and restore instantaneous signals. An ideal transient response should respond immediately as soon as the stimulus starts and stop as soon as the stimulus ends. The headphone's impulse response can reflect its transient response, if the headphone is assumed as a linear time-invariant system. If the decay of transient response slows down, the sound reproduction clarity will be affected. The metric of a headphone’s transient response is the time for the energy attenuated by 60 dB after the start of transient response, which is also named as reverberation time 
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[32]. The original method to compute this metric was studied by Schroeder in 1965 [32] through Energy Decay Curve (EDC), which can be formulated as follow,
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Where
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is the energy remained after a duration t of transient response.  

4.3.2. Equalization results of transient response 
The results of transient responses with different equalization methods are shown in Fig. 6. The pre-ringingss are shown in in the Fig. 6 (b) and (d). The auditory forward masking effect can mask the pre-ringing without perceived effects on the headphone reproduction. Therefore there is no need for the three equalization methods to tackle the pre-ringing.

Figure 7 shows the EDCs of HP2 transient responses with different equalization methods. Table 3 shows the 
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 of EDCs with different equalization methods. The shorter the 
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, the quicker the decay of transient response is. Table 3 shows that the equalization methods that consider phase equalization (magnitude-phase equalization, phase equalization) produce short 
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 of transient responses. By comparison of Table 3 with Table 2, the linear phase property is closely related to the energy decay speed of the transient response. 
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Fig. 6. Transient response of different equalization methods: (a) unequalized, (b) magnitude-phase equalization, (c) magnitude equalization, (d) phase equalization.
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Fig.7. Energy decay curve of transient response for different equalization methods

Table 3 

Decay time 
[image: image54.wmf]60
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 of transient response in headphone HP2 (ms).
	unequalized
	magnitude-phase equalization
	magnitude equalization
	phase equalization

	5.8
	0.5
	4.5
	1.4


5. Subjetive evaluation
5.1 Stimuli

The different equalization methods were assessed through subjective double-blind subjective listening experiments. Two pieces of music in different styles, string and percussion (shown in Table 4), were used as test materials. The sampling rate is 44.1 kHz with 16 bits resolution. The two music styles were selected as string and percussion that concentrate on different frequency bands and were meaningful for comprehensive evaluation. Experimental stimuli were obtained by processing the two styles of music (string and percussion) with four equalization methods, including (I) the unprocessed; (II) the magnitude-phase equalization; (III) the magnitude equalization; (IV) the phase equalization. The listening test is conducted with two types of headphones, AKG k313 and Sennheiser HD202 (Table 5). Listeners receive experimental audio from the two headphones in convolution with their respective equalization functions. The stimuli applied to the headphones were stored as sound files on a computer. Each stimulus was marked as for AKG k313 or for Sennheiser HD202.

Table 4
Overview of the different musical style.
	Musical style
	time

	String
	20s

	Percussion
	20s


Table 5

Selection of headphones.

	
	Brand/Model
	Type

	HP1
	AKG k313
	Intra-concha

	HP2
	Sennheiser HD202
	Circumaural


5.2 Procedure
The listening experiments recruited 30 subjects, aged between 25 and 30 years old. All the listeners were audiologically normal-hearing subjects. All listeners were seated in a sound-proof room and listened to the sounds presented through Sennheiser HD 202 headphone or the AKG k313. The presentation levels of music can be adjusted individually for each listener to their comfortable level. The experiments were double-blind. A test method adopted from MUSHRA [33] was used without a given reference. A graphical user interface of MUSHRAM [34] was provided to the listeners. The subjects were asked to rate the overall quality of each stimuli. Grading was done on an absolute scale from 0 to 100, through the rules: 0~20 bad, 20~40 poor, 40~60 fair, 60~80 good, and 80~100 excellent. There were a total of 16 audio files in the experiment: two types of headphones times two types of music, and times four equalization methods. Each listener should grade all the 16 files and they practiced once before the real experiments to get familiar with the grade system. 

5.3 Listening test results and analysis
Fig. 8 shows the means and standard deviations of the scores under different equalization methods. The left and right panel in Fig. 8 show the scores of the music style string and percussion respectively. The individual score of each music style under each equalization method is the average scores of the two headphones. The motivation in our research is to evaluate the effects of different equalization methods under different music styles. Data was normally distributed and a two-way repeated ANOVA shows that the effect of equalization method is significant [F(3,232) =122.0, p <0.01], and the effect of music style is not significant [F(1,232) =3.129, p > 0.05]. There is no interaction between equalization method and music style [F(3,232)=1.599, p > 0.05]. Fisher LSD post hoc tests were performed to further detect significant differences in performance between any pair of the four equalization methods under string (Table 6) and under percussion (Table 7) separately. The Roman numbers identify the conditions. The numbers in the second column present the average and standard deviation of SRT with each equalization method. Significant differences (p < 0.01) are shown in boldface. 

Relating Fig. 8(a) with Table 6, it is shown that the both the methods Ⅳ and Ⅱ significantly scored higher than the methods Ⅰand Ⅲ (p < 0.01). The methods Ⅳ and Ⅱhave conducted phase equalization while the methods Ⅰand Ⅲ did not. This implies that linear phase response can significantly improve headphone reproduction in the string music style. The method Ⅱsignificantly scored less than the method Ⅳ, and the method Ⅲ significantly scored less than the methodⅠ. This implies that the flat magnitude response cannot improve headphone reproduction. The equalization targets of magnitude response should consider auditory filtering factors rather than a flat response. The frequency response design of high-end headphones is often empirically retained some peaks and valleys are also based on similar considerations. 
Relating Fig. 8(b) with Table 7, a similar phenomenon was found in the music style percussion as in the music style string. This strengthens our findings that the linear phase response can significantly improve headphone reproduction while the flat magnitude response cannot. The phase equalization method let the headphone enjoy a fast decay while the flat-magnitude response may induce over-equalization.
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Fig. 8. The mean score and standard deviation of subjective evaluation test for thirty subjects. (a) String; (b)

Percussion.

Table 6
Fisher LSD post hoc significant tests for the effects of the equalization methods in the experiment under the music style of string. 
Significant effects (p < 0.01) are given in boldface. The Roman number indicates the number of each condition.

	Processing

condition
	Score

Mean±std
	Ⅰ
	Ⅱ
	Ⅲ
	Ⅳ

	Unprocessed (Ⅰ)
	59.9
[image: image57.wmf]±

2.2
	
	
	
	

	Magnitude-phase (Ⅱ)
	62.4
[image: image58.wmf]±

1.8
	0.000
	
	
	

	Magnitude (Ⅲ)
	59.4
[image: image59.wmf]±

2.5
	1.000
	0.000
	
	

	Phase (Ⅳ)
	65.9
[image: image60.wmf]±

2.3
	0.000
	0.000
	0.000
	


Significant effects (p < 0.01) are given in boldface. The Roman number indicates the number of each condition.
Table 7
Fisher LSD post hoc significant tests for the effects of the equalization methods in the experiment under the music style of percussion. 
Significant effects (p < 0.01) are given in boldface. The Roman number indicates the number of each condition.

	Processing

condition
	Score

Mean±std
	Ⅰ
	Ⅱ
	Ⅲ
	Ⅳ

	Unprocessed (Ⅰ)
	59.5
[image: image61.wmf]±

2.4
	
	
	
	

	Magnitude-phase (Ⅱ)
	62.2
[image: image62.wmf]±

2.0
	0.000
	
	
	

	Magnitude (Ⅲ)
	57.8
[image: image63.wmf]±

1.8
	0.030
	0.000
	
	

	Phase (Ⅳ)
	66.1
[image: image64.wmf]±

2.5
	0.000
	0.000
	0.000
	


Significant effects (p < 0.01) are given in boldface. The Roman number indicates the number of each condition.
6. Conclusion remarks
The present research analyses the factors that affects the subjective evaluation of the headphone reproduction. The subjective evaluation implies that linear phase response can significantly improve headphone reproduction while the flat magnitude response cannot. The objective evaluation implies that phase equalization is important to transient response. The transient response decays faster with a linear phase response. 
In conclusion, headphone equalization methods should consider the filtering effects from auricle and ear canal to avoid over equalization on the magnitude response, as well as the effect of phase equalization on headphone reproduction.
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