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ABSTRACT 
Audio quality in listening situation is degraded by indoor room reverberation. Room equalization can be used to 

increase the audio quality by applying the inverse transfer function to the input audio signals. In noise 

environments, however, it is hard to exactly measure the room transfer function. In this work, we developed the 

techniques to measure the room transfer function in indoor noise environments and to enhance the audio quality 

by room equalization. From the experimental results, we showed that the proposed techniques can be 

successfully used in indoor noise environments. 
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I. INTRODUCTION 
Audio quality in listening situation is 

degraded by indoor room reverberation and can be 

increased by using room equalization that applies the 

inverse of room transfer function (RTF) to input 

signals. First, we used the short-time spectral 

masking method for RTF estimation in noise 

environments [1]. Next, room equalization 

techniques are developed for the audio quality 

enhancement. The audible frequency range is 

separated into unequal segments by one-third octave 

band filters. In addition, the estimated RTF is 

smoothed in frequency domain, and the gain 

parameters for the equalization are obtained by 

inversing the average spectral magnitude at each 

band and are normalized. 

First, Section 2 introduces the RTF 

estimation method in noisy environments. Section 3 

describes room equalization based on smoothed RTF. 

Section 4 shows the experimental results. The last 

Section concludes this work. 

 

II. ROOM TRANSFER FUNCTION 

ESTIMATION IN NOISE 

ENVIRONMENTS 
For the room equalization, first, RTF 

should be measured. In this work, we used sine 

sweep signal for the accurate RTF measurement [1]. 

As shown in Fig.1, the sine sweep signal )( nx   is 

convolved with )( nh  that is room impulse response. 

The not processed signal )( ny
np

 is a noisy signal . 

 

 

 
Figure 1. RTF measurement method [1] 

 

Fig. 1 shows the process for the RTF 

measurement. The method divides )( ny
np

 into 50% 

overlap frames and applies the Hanning window. 

Then short-time Fourier transform (STFT) is applied 

to obtain )( kY
np

. Next, )( kY
np

 is masked to obtain 

the frequency response of the sine sweep signal. The 

masker has a different range and location for each 

frame. )(
max

iK  is the frequency bin index of largest 

frequency component in )( kX  when the frame 

index is i . The masker ),( kiM   is described as in 

Eq. (1). 
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 The masked spectral components are expressed in 

Eq. (2). 
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Likewise,  ),( kiY
prop

 is divided into 50% overlap 

frames and the Hanning window is applied. 

Afterward, inverse STFT is performed to obtain the 

noise-suppressed signal )( ny
prop

. 
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III. ROOM EQUALIZATION 
In this section, we describe the room 

equalization techniques based on RTF estimated by 

the short-time spectral masking method. When the 

RTFs are known a priori or are capable of being 

accurately estimated, this approach has been shown 

to achieve high inverse filtering performance [2, 3]. 

However, in actual acoustic environments, there are 

disturbances that affect the inverse filtering 

performance. In some audio applications (e.g., sound 

reproduction systems in train stations or other large 

spaces) where audio quality is an issue, an 

equalization filter is commonly used to compensate 

for the frequency response of the room. The 

equalization performance then depends on the model 

from which the inverse filter is derived. In our work, 

the equalization filter is one-third octave band filter 

which is composed of 27-octave bands that first 

frequency doubled every 3rd octave at a sampling 

frequency 48000Hz. Also, the center frequency of 

first band is about 47Hz. Filter gains are obtained by 

averaging the smoothed RTF. In this work, we use 

the complex smoothing method [4]. The complex 

smoothing operation may be described as a circular 

convolution  as in Eq. (3). 
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where the symbol   denotes the operation of 

circular convolution and )( kH  is transfer function, 

)( kW
sm

is a spectral smoothing function having the 

general form of a low-pass filter. )( KH
CS

 is the 

result of complex smoothing of )( kH . By using the 

filters that have gains based on the smoothed inverse 

RTF, the overall RTF is equalized. audio quality, in 

such scenarios, is enhanced by performing the room 

equalization.  

 

IV. EXPERIMENT AND RESULTS 
From the experiments, the estimated RTF 

and inverse of estimated RTF are shown in the Fig. 2.  

 
(a) The estimated RTF function 

 
(b) The inverse of estimated RTF function 

Figure 2. The estimated RTF and the inverse of the 

RTF 

The processed signal by the proposed room 

equalization becomes similar to original signal. In 

this experiment, we used log spectral distance (LSD) 

for objective assessment. The LSD is the difference 

between reference signals and signals obtained in the 

frequency region, and can be calculated as 
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where M  is the number of frames. As shown in the 

Table 1, the developed room equalization techniques 

improved audio quality. The table shows the LSD 

comparison results between original signal and not 

processed or processed signals, respectively. Two 

male and two female speech signals were used for 

the experiments. The sampling frequency was 48 

kHz and the length of signals was 4 seconds. 

 

Table 1. LSD (dB) between original signal and not 

processed or processed signals 
signal not processed processed 

Male 1 29.86 25.84 

Male 2 29.73 25.78 

Female 1 29.12 25.08 

Female 2 28.87 25.13 

 

 

V. CONCLUSION 
In listening situations, audio quality can be 

degraded by reverberation. First, we developed the 

techniques to measure the room transfer function in 

noise environments. Then, room equalization is used 

to enhance the audio quality by applying the inverse 

transfer function to the input audio signals. From the 

experiments, it is shown that the room equalization 

techniques can improve the audio quality in 

reverberant indoor room environments. 
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