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Abstract: A video-zoom driven audio-zoom algorithm is proposed to provide audio zooming 
effects according to the degree of video-zoom. The proposed algorithm is designed based on a 
super-directive beamformer operating with a 4-channel microphone array in conjunction with a soft 
masking process that uses the phase differences between microphones. The audio-zoom processed 
signal is obtained by multiplying the audio gain derived from the video-zoom level by the masked 
signal. The proposed algorithm is then implemented on a portable digital imaging device with a 
clock speed of 600 MHz after different levels of optimization, such as algorithmic level, C-code 
and memory optimization. As a result, the processing time of the proposed audio-zoom algorithm 
occupies 14.6% or less of the clock speed of the device. The performance evaluation conducted in a 
semi-anechoic chamber shows that the signals from the front direction can be amplified by 
approximately 10 dB compared to the other directions.    
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1. Introduction 

Most portable digital imaging devices on the market 
have video zoom capability, which is typically achieved by 
either optical or digital zoom [1]. In terms of use, video 
zoom aims to bring clarity when viewing objects as they 
move in or out of a video viewfinder. On the other hand, 
video zoom can enhance the user’s satisfaction of 
movement more realistically if the audio contents can also 
be zoomed in conjunction with the video zoom. In other 
words, because the video zoom only reflects the images of 
the objects, original audio signals from the objects are 
currently recorded, regardless of the video-zoom level. If 
the same degree of video zoom is maintained with the 
audio content, the audio signal should be amplified as 
objects come closer or reduced as objects move further 
away, which is referred to as video-zoom driven audio-
zoom. 

This paper proposes a video-zoom driven audio-zoom 
algorithm to be implemented on a portable digital imaging 
device. In particular, the proposed audio-zoom algorithm 
was designed based on super-directive beamforming [2], 
which operates with a 4-channel microphone array. 
According to [1], increasing the front sound level is 
sufficient to express the audio zoom effect. Therefore, the 
front sound level is controlled by an audio gain estimated 
from the phase difference between the signals 
reconstructed by super-directive beamforming. To realize 
the proposed algorithm in real time while recording with a 
portable digital imaging device, several different levels of 
optimization were performed, which included the 
algorithmic level, C-code level and memory optimization. 
The performance of the proposed video-zoom driven 
audio-zoom algorithm was then evaluated by comparing 
the sound pressure level (SPL) of the original audio signal 
with that of the processed audio signal for each different 
direction (front, both sides, and back) in a semi-anechoic 
chamber. 

The remainder of this paper is organized as follows. 
This work was supported in part by the National Research Foundation of 
Korea (NRF) grant funded by the MSIP (Ministry of Science, 
ICT&Future Planning) (No. 2012-010636). 
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Fig. 1. Procedure of the proposed video-zoom driven audio-zoom algorithm.  
 

Section 2 proposes a video-zoom driven audio-zoom 
algorithm. Section 3 addresses the implementation issues 
of the proposed video-zoom driven audio-zoom algorithm 
on a portable digital imaging device with limited resources. 
Section 4 reports the performance of the implemented 
video-zoom driven audio-zoom algorithm, and the paper is 
concluded in Section 5. 

2. Proposed Video-zoom Driven Audio-
zoom Algorithm 

The proposed video-zoom driven audio-zoom 
algorithm was designed using a 4-channel microphone 
array. As shown in Fig. 1, the proposed algorithm 
consisted of three parts: an audio focus control using a 
super-directive beamformer, a soft masking process based 
on the phase difference, and an audio gain control based on 
the video-zoom level.  

First, the input signals from the 4-channel microphone 
array were transformed into a frequency domain using a 
fast Fourier transform (FFT), followed by the application 
of a fixed super-directive beamformer [2, 3]. The signals 
processed by the beamformer were then mixed with the 
original signals according to a mixing ratio parameter r, 
which was determined by the video-zoom level. In other 
words, r decreases with increasing video-zoom level. Next, 
soft masking was used to process the mixed signals, where 
a masking threshold parameter m was determined 
according to the video-zoom level. Specifically, the mixed 

signals are multiplied by frequency-dependent mask 
coefficients that were obtained by the phase-dependent soft 
masking estimation. The masked signals were then 
transformed back into the time-domain signals using an 
inverse FFT (IFFT), and an audio gain G corresponding to 
the video-zoom level was used to amplify the time-domain 
signals. Finally, a sigmoid function was applied to prevent 
the audio signal from being clipped when the signal was 
amplified. 

2.1 Audio focusing control using a 
beamformer 

The proposed audio-zoom algorithm adjusts the audio 
zooming effects according to the degree of video zoom, in 
which the objects appear to come closer or move further 
away. A super-directive beamformer was designed to 
provide more realistic audio-zoom effects [2] 
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where d is the delay incurred by the distance between the 
microphones in the frequency domain,  is the power 
spectral density matrix of each microphone input signal [3], 
and  is the optimal weight of the super-directive 
beamformer. In (1), the power spectral density matrix is 
defined as 
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where 

m nν νΓ  is the power spectral density of the signals 
between the mth and nth microphones. For a fixed super-
directive beamformer, 

m nν νΓ  is a function of the angular 
frequency ω , and it is given by [2] 
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where c is the speed of sound and  is the distance 
between the mth and nth microphones. Note that the 
weighting vector described in (1) can be obtained by the 
minimum variance distortionless response (MVDR) 
algorithm [2].  

mnl

The original signals were then mixed with the signals 
obtained after applying the fixed super-directive 
beamformer. Table 1 lists the mixing ratios according to 
the audio-zoom level. In the table, the audio-zoom level 
was divided into five levels according to the video-zoom 
levels, which range from 1 to 10. As the video-zoom level 
increases, the audio-zoom level also increases. Therefore, 
the sound from the objects is expected to become louder. 

 
Table 1. Mixing ratio and audio-zoom level according to 
the different video-zoom levels. 

Video-zoom level 
Item              1-2 3-4 5-6 7-8 9-10

Audio-zoom level 1 2 3 4 5
Mixing ratio 1 0.75 0.5 0.25 0

2.2 Phase-dependent soft masking 
A soft mask was applied to the mixed signals obtained 

in Section 2.1 to further suppress the signals from the other 
directions compared to the front. The mask value for each 
frequency bin was estimated by comparing the normalized 
phase difference between the microphone distances with 
that of the reference signal [4, 5], such that 

 
 1,4 1 4( , ) ( , ) ( , )i k i k i kφ θ θ= −               (4) 

 
where   and 1( , ),i kθ 4 ( , ),i kθ 1,4 ( , )i kφ  are the phase of the 
1st and 4th microphone and the phase difference between 
the 1st and 4th microphones for the ith frame and kth 
frequency bin, respectively. Note that 1,4 ( , )i kφ  in (4) can 
also be represented by the normalized phase difference as 
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where c is the speed of sound, d is the distance between 

microphones, and f is the corresponding frequency. Using 
the normalized phase difference, 1,4 ( , ),i kφ  the masking 
value becomes 
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where  is the masking value of the kth frequency bin 
at the ith frame. As indicated in (6), assuming that the 
normalized phase difference 

( , )i kα

, ( , )m n i kφ  is less than the 
difference between the reference signals coming from the 
front direction, the mask value was set to 1. Otherwise, the 
mask value was set to 0.2 for the maximum video-zoom 
level. Subsequently, the mask values were multiplied by 
the mixed signals in the frequency domain, and then 
smoothed to prevent the signals from fluctuating over the 
adjacent frequency bins and frames [6]. Here, a smoothing 
function in the frequency is defined as 

 

( )1
4( , ) ( , 2) ( , 1) ( , ) ( , 1)s i k i k i k i k i kα α α α α= − + − + + +  .   

    (7) 
 
To prevent the signal from fluctuating over the adjacent 

frames, a smoothing function for the current frame is also 
defined as 

 
 1 1 1

4 2 4( , ) ( 1, ) ( , ) ( 1, )fs s s si k i k i k i kα α α α= − + + +     (8) 
 

where ( , )fs i kα  is the finally smoothed masking value for 
the kth frequency bin in the ith frame. 

The masked signal  was obtained by multiplying 
the smoothed masking value, 

( )iS k
( , )fs i kα , into the signal, 

 processed by the super-directive beamformer. The 
phase components of were maintained by those of 

, i.e. | (  and  
Finally, the masked signal, 

( )iS k
( )iS k

( )iS k ) | ( , )| ( ) |i fs iS k i k S kα= ( ) ( ).i iS k S k∠ = ∠
( ),s n  was obtained by 

applying an inverse FFT to  ( ).iS k

2.3 Audio gain control according to 
video-zoom level 

The gain of the masked signals should be controlled to 
further emphasize the signals coming from the front 
direction. In particular, the proposed video-zoom driven 
audio-zoom algorithm was designed to amplify the input 
signals to 10 dB. This is because the human ear begins to 
detect an amplitude change of more than approximately 3 
dB, and perceives twice the loudness difference if the 
amplitude is boosted by 10 dB or more [7]. Fig. 2 shows 
the audio gain curve according to the video-zoom level. As 
shown in Table 1, there is a relationship between the 
video-zoom level and audio-zoom level. The maximum 
audio-zoom level (20log10G) is bounded to 12 dB. As 
shown in the figure, if the audio-zoom level approaches an 
audio-zoom level of 2 or 4, the audio gain is set to 4.86 dB 
or 10.23 dB, respectively. Therefore, the output signal 

( )gs n  can be defined as 
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 ( ) ( )gs n G s n= ⋅                (9) 
 

where G is the audio gain for a given audio-zoom level, as 
shown in Fig. 2, and ( )s n  is the masked signal.  

On the other hand, the amplified audio signals can be 
overflown after multiplying the audio gain. Therefore, an 
audio level control (ALC) based on the sigmoid function is 
applied as 
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where ( )sgn x  is equal to 1 if x is greater than or equal to 0, 
otherwise it is equal to -1, and ε  and C are set to 0.0001 
and 16384, respectively. In other words, ˆ( )s n  is the 
amplified audio signal obtained after applying a sigmoid 
function. The magnitude of the amplified signal, ( )gs n , is 
then compared with a predefined value, 16384. If it is 
indeed greater than 16384, ˆ( )s n  can be obtained by 

applying the sigmoid function defined in (10). 
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Fig. 2. Audio gain control according to the audio-zoom 
level.  

 

3. Implementation of the Proposed 
Audio-Zoom Algorithm on a Portable 
Digital Imaging Device 

This section begins by discussing the implementation 
issues for achieving real-time operation of the proposed 
algorithm on a portable digital imaging device equipped 
with limited resources, where the device has a clock speed 
and memory size of 600 MHz and 111 MB, respectively. 
Because the implemented video-zoom driven audio-zoom 
algorithm should be performed in recording mode, the 
processing time needs to occupy less than 20% of the 
system resources, considering the processing time of a 
video codec. Therefore, the proposed algorithm should be 
optimized to reduce the computational complexity. 

3.1 C-code level optimization 
As a first step in optimization, fixed-point arithmetic 

programming was performed because fixed-point 
operations are much faster than their corresponding 
floating-point operations [8]. To this end, most 64-bit or 
32-bit floating variables (double, float) are converted to 
32-bit or 16-bit integer variables (int, short). Next, a C-
code level optimization was carried out, which includes 
inline functions, intrinsic functions, redundant code 
removal, reordering operations and loop unrolling. In 
particular, basic operations were redefined using relatively 
fast linear assembly instructions [8, 9]. 

3.2 Algorithmic level optimization 
An algorithmic level optimization was carried out to 

reduce the computation complexity (Fig. 3). In the figure, 
the audio focusing control module was realized by 
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Fig. 3. Illustration of algorithmic level optimization of the proposed algorithm.  
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applying an FFT to each channel signal followed by 
performing four different fixed super-directive 
beamformers in the frequency domain, where the 
beamformer, BFm,n, is designed according to the distance 
between the mth and nth microphones. By applying an 
algorithmic level optimization, the computational 
complexity was reduced by approximately 50% by 
efficiently dealing with the audio focusing control. That is, 
the two FFTs for the 2-channel input signals were merged 
into one complex FFT, which reduces the complexity by 
approximately 50% [10], as shown in Fig. 3. As a result, 
because pre-processing and post-processing are composed 
of adders and shift operations, the structure of the 
proposed video-zoom driven audio-zoom algorithm has 
lower complexity than performing four FFTs. 

The phase-dependent soft masking requires an 
arctangent function for each frequency bin to estimate the 
direction of the audio source. As mentioned above, 
because a floating-point operation is quite complex, it 
should first be converted to a fixed-point operation [11]. 

3.3 Graphical user interface 
The graphic user interface (GUI) is an important part of 

consumer electronics because it provides users with 
important information and guidelines. Therefore, the GUI 
for the proposed video-zoom driven audio-zoom algorithm 
is realized on a portable digital imaging device. Fig. 4(a) 
shows a snapshot of the main GUI, where the numbers 
from (i) to (iv) in the top line represent the icons for the 
imaging mode, operating status, time counter (recording 
time/remaining recordable time), and storage media, 
respectively. In addition, the numbers from (v) to (vii) 
show the image resolution, audio-zoom/volume status, and 
menu icon, respectively. In this device, the audio-zoom 
algorithm is activated by touching the ‘Zoom MIC’ menu, 
as shown in Fig. 4(b). 

 

 

Fig. 4. Snapshot of the graphic user interface (GUI) 
designed for the proposed video-zoom driven audio-
zoom algorithm (a) main GUI configuration, (b) audio-
zoom mode GUI configuration. 

4. Performance Evaluation 

The performance of the proposed algorithm 
implemented on the portable digital imaging device was 
evaluated in terms of the processing time and relative 
sound pressure level (SPL) of the audio signals obtained 
from the front direction. 

4.1 Processing time 
As described in Section 3, several optimization 

techniques for reducing the computational complexity 
were applied to overcome the resource limitations of the 
device. The average processing time was measured using a 
series of test data, each of which were 21.3 seconds long 
and sampled at 48 kHz.  

Table 2 lists the average processing time between the 
floating-point and fixed-point arithmetic implementations 
of the proposed algorithm. In the table, the fixed-point 
arithmetic implementation yielded a 65.7% processing 
time reduction, compared to the floating-point arithmetic 
implementation.  

Table 3 also shows the mean processing time before 
and after performing the optimization techniques based on 
the C-code level and algorithmic level for fixed-point 
arithmetic programming. In C-code level optimization, 
significant complexity reduction was achieved by reducing 
the number of FFTs and IFFTs from four to 2. On the other 
hand, the computations for calculating the beamforming 
weights, phase differences and sigmoid function were 
reduced by a table look-up approach in the algorithmic 
level optimization. 

 
Table 2. Complexity comparison between the floating-
point and fixed-point implementation for the proposed 
audio-zoom algorithm. 

Programming 
Average 

processing time 
(sec) 

Percentage of 
clock speed (%)

Floating-point arithmetic 30.2 141.8 
Fixed-point arithmetic 16.2   76.1 
 

Table 3. Complexity comparison of the proposed 
audio-zoom algorithm before and after optimizing the 
fixed-point arithmetic programming. 

Optimization Average processing 
time (sec) 

Percentage of 
clock speed (%)

None 16.2 76.1 
C-code level    9.7 45.6 
C-code and 

algorithmic level    3.1 14.6 

4.2 Sound pressured level according to 
audio source directions 

The performance of the implemented video-zoom 
driven audio-zoom algorithm was evaluated in a semi-
anechoic chamber to minimize the effects of reverberation, 
as shown in Fig. 5. A loudspeaker was used as the audio 
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source, in which white noise was adjusted to 60 dB using a 
noise level meter. Note that the configuration of a 
microphone array is not linear and the distances among 
microphones are not uniform so the user can handle the 
device easily. Fig. 6 shows the beam patterns at 
frequencies ranging from 0.5 kHz to 3 kHz when the video 
zoom is activated at its maximum level in theory. In the 
figure, the front direction is the most concentrated. The 
SPL of the processed audio signal was measured 
depending on the DOA of the audio source, as shown in 
Table 4. In the table, the SPL in all directions was 
equivalent when the audio-zoom was switched off. On the 
other hand, with the audio-zoom turned on, the front audio 
signal was amplified by approximately 5 dB and 10 dB at 
the minimum and maximum video-zoom level, respectively.  

Tables 5 and 6 show the SPL of the processed audio 
signal in each direction according to the different SPLs and 
audio source distances, respectively. Note that the audio-
zoom was on with the maximum video-zoom. The SPL of 
the front audio signal processed by the proposed method 
increased by approximately 10 dB compared to that of the 
original front signal for all SPLs and distances. Note that 
the experimental conditions shown in Fig. 5 were 
optimized when the distance between the device and sound 
source was 1.5 m and the sound sources were recorded at 
60 dB SPL. This can explain why the performance at 60 
dB in Table 5 and at 1.5 m in Table 6 was the best. 

Table 4. Measurement of the sound pressure levels 
(dB) depending on the DOA of the audio source. 

DOA of audio source (white noise)
Function 

0˚ 90˚ 180˚ -90˚ 
Audio-zoom off 0.0 0.0 0.0 0.0 
Audio-zoom on 

(minimum video-zoom)   4.73 3.07 2.17 1.54 

Audio-zoom on 
(maximum video-zoom) 10.52 0.38 1.31 0.58 

 
 

 

Fig. 5. Experimental environment for measuring the 
sound pressure levels in a semi-anechoic chamber. 

 

 

Fig. 6. Beam pattern of a super-directive beamformer at (a) 0.5 kHz, (b) 1 kHz, (c) 2 kHz, (d) 3 kHz when the video-
zoom is activated at its maximum level. 
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Table 5. Measurement of the sound pressure levels 
(dB) depending on the DOA of the audio source 
according to the different SPL of the audio source. 

DOA of audio source (white noise) 
SPL (dB) 

0˚ 90˚ 180˚ -90˚ 
55 9.78 2.16 2.39 1.32 

60 10.52 0.38 1.31 0.58 

65 9.91 1.67 1.17 1.47 

 
Table 6. Measurement of the sound pressure levels 
(dB) depending on the DOA of the audio source 
according to the different distance between the audio 
source and microphones.  

DOA of audio source (white noise) 
Distance (m) 

0˚ 90˚ 180˚ -90˚ 
1.0 10.05 1.73 1.23 1.22 
1.5 10.52 0.38 1.31 0.58 
2.0 9.27 2.62 1.65 2.09 

 
The performance of the implemented video-zoom 

driven audio-zoom algorithm was evaluated by setting the 
maximum video-zoom in a different room and noisy 
environments. Compared to the experimental environment 
shown in Table 4, a reverberant room was added as a new 
recording environment. In addition, three noisy 
environments (white noise, background speech, and 
background music) were considered, in which the noise 
signals were obtained from the sound quality assessment 
material (SQAM) database [12]. 

Table 7 compares the sound pressure levels depending 
on the DOA of the audio source in a different room and 
noisy environment. When the SPLs of the processed audio 
signal in the side and back directions were measured in the 
reverberant room, they were slightly higher than those 
measured in the semi-anechoic chamber. On the other hand, 
the front audio signal was still amplified by approximately 
10 dB at the maximum video-zoom level in both room 
environments, regardless of the noisy environment. 

The GUI depicted in Fig. 4(b) was operated to show 
the effect of the proposed algorithm on the recorded video 
content. Table 8 lists the still images and audio signals 
captured from the video contents by changing the video-
zoom level from 1 to 10, as defined in Table 1. In the table, 

the person appeared closer as the video-zoom level was 
increased. Moreover, the sound pressure level of the 
person’s voice appears to increase by up to 10 dB at a 
video-zoom level of 10. Therefore, increasing the SPL 
could provide better user satisfaction because the SPL is 
strongly correlated with the user’s satisfaction [13]. 

Table 8. Illustration of the effect of the proposed video-
zoom driven audio-zoom algorithm on the video 
contents. 

Video-
zoom 
level

Snapshot of an image Waveform of the audio 
signals 

1 

 

5 

 

10 

 
 

 

5. Conclusion 

A beamforming-based video-zoom driven audio-zoom 
algorithm was proposed to focus the front audio signal in a 
portable digital imaging device. The proposed algorithm 
consisted of three parts: an audio-focus control based on 
super-directive beamforming, a soft masking process using 
a DOA estimation, and an audio gain control based on the 
video-zoom level. To realize the proposed algorithm on a 
portable digital imaging device with limited resources in 
real time, several optimization techniques were applied to 
reduce the computational complexity and required memory 
size. The performance of the implemented algorithm was 
then measured in terms of the processing time and the SPL 
between the front and other directions at the maximum 
video-zoom level in a semi-anechoic chamber. Subsequent 
experiments showed that the average processing time was 
reduced to approximately 14.6% of the entire clock speed. 
Moreover, the front signal was amplified by approximately 
10 dB compared to the other directions. 

 
Table 7. Measurement of the sound pressure levels 
(dB) depending on the DOA of the audio source in a
different room and noisy environment. 

DOA of audio source 
Room Noise 

0˚ 90˚ 180˚ -90˚
White noise 10.52 0.38 1.31 0.58

Speech 10.77 2.10 0.51 2.73
Semi-anechoic 

chamber 
Music 11.46 2.45 0.01 0.58

White noise    9.28 3.69 3.32 3.36
Speech    9.06 5.31 3.25 5.00

Reverberant  
room  

(office) Music 10.25 3.53 4.54 5.00
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