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I. INTRODUCTION  
 
Among the many applications of digital audio signal 
processing is in music and film production. In some 
cases, creating a more realistic scenario requires the 
audio accompaniment must be aligned with what the 
scene suggest. To accomplish this, digital equalizers 
are the most common tool for audio effects. They can 
be used to compensate non-ideal reinforcement 
equipment or room acoustics. They allow the 
specification of desired gains for specified bands. 
Signal’s spectrum can be shaped, emphasized or de-
emphasized by their magnitude response 
configurability. [1]. Early equalizers were fixed and 
integrated into the circuits of audio receivers, and 
later into phonograph playback systems. The advent 
of motion picture sound saw the emergence of 
variable equalization [2]. 
 
Throughout the 1950s and 1960s, equalizers grew in 
popularity, finding applications in sound post-
production and speech enhancement. In the audio 
timeline, this was alongside the classical Hollywood 
in the sound era (also known as Golden Age of 
Hollywood).  
 
Evolution of sound technology during these years 
involved the use of the first commercial AM radio 
broadcast; magnetic recording on steel wire; and 
transistor radios. Although the audio signal 
processing during these times was continuously 
improving, speech and music recording were still 
susceptible to noise. Noise reduction systems were 
later introduced by Dolby and the continuing effort of 
noise free signal quality are still being done up to this 
days [3]. 
 
In creating the vintage film audio effect in this 
project, low bit rate audio coding methods that posed 
reduction of the audio quality such as brightness, 
naturalness and timbre and the presence of noise was 
manifested in this project. 

 
II. MUSIC, SOUND EFFECTS AND FILM 
SCORES 
 
In many research conducted, experts in the film 
and/or music agree that music and film align 
themselves to provide meanings and emphasis to a 
film scenario. Music in movies was linked to the 
perception of what the emotion of the movie [4] [5].   
 
Sound effects have also made an impact in the 
perception of films. Efforts were made from the silent 
movie era to the sound era that made a huge change 
in the movie industry.  Since the beginning of the 
recording technology, sound effects on film have 
been created in the late 1920s.  
 
Room simulations, gathering from wild (i.e. non 
sync) or created by a Foley artist were three of the 
major procedures in creating movie sound effects [3].  
It was during the late 1920s to 1960s, the time when 
classical Hollywood in the sound era (also known as 
the Golden Age of Hollywood), that led a shift in the 
used to be produced mainly post-production [6].  
 
Movies that were created during the Golden Age of 
Hollywood were listed among the vintage films. 
Though the etymology of the word vintage may 
suggest a different meaning, it may be due to the 
transition from the silent era to the sound era which 
gave a big leap in the quality of Hollywood films [7].  
The classification of a vintage film may be due to the 
reference time were films were already considered 
old. The quality of the vintage film audio that was 
created in this project is based on perception of the 
audio from classical films. 
 
Recreating a film scenario that involves music being 
played in the vintage era may give an added sensation 
of being immersed and may give the audience the 
benefit of perception of emotion just what old films 
may feel like. 
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III. SIGNAL PROCESSING 
 
Signal is a function that conveys information about 
the behavior of a system or attributes of some 
phenomenon. Signals occur naturally and they can 
also be synthesized. In order to extract information 
from the signal, signal processing is performed [8].  
Signal processing involves the analysis, recording, 
synthesis, transporting and modification of signal. 
Although not necessary but for convenience 
purposes, the nature of signals are converted into 
electrical signal by a transducer.  
 
For speech signals, the microphone acts as the 
transducer by converting air pressure to voltage as 
they vary over time. The speech signals can be 
processed (e.g. gain) by the use of a mixer. It may 
also be recorded using analog devices such as cassette 
tapes and other storage devices. Several methods 
have been developed to improve signal processing 
such as turning the signal into a digital form. 
 
IV. DIGITAL SIGNAL PROCESSING 
 
The evolution of Digital Signal Processing (DSP) can 
be tracked with the development of computers. From 
electrical signals, it is further analyzed and processed 
by a digital signal processor. The basic components 
of a DSP system is comprised of an analog input 
signal; an analog filter; an analog to digital converter 
(ADC); a digital signal processor; a digital to analog 
converter DAC and  the output which is a 
reconstructed analog signal. A basic block diagram of 
a DSP system is represented in Fig. 1. [9]  

 

 
Fig.1.The digital signal processing scheme 

 
A. Analog Input 
It is a physical quantity which is some function of an 
independent variable such as time (e.g. speech 
signal). Usually a transducer (sensor) is used to 
convert the nonelectrical signal to the analog 
electrical signal (voltage). 
 
B. Analog filter 
Analog filter is applied to limit the frequency range of 
analog signals prior to the sampling process. The rate 
by which the analog frequency must be sampled is 
referred to as the sampling frequency. The minimum 
requirement by which a signal must be sampled 
should be twice or greater than the maximum 
frequency component of the signal to allow the 
reconstruction of the signal as described by the 
Nyquist Theorem.   
The unit is in samples per second (samples/sec) or 
Hertz (Hz). 
 

Fs = 2*Fmax       (1)  
 
where Fs is the sampling frequency in Hertz or 
samples  per second and  Fmax is the maximum 
frequency component of the signal.  
Suppose the analog signal is given by: 

 
xa(t) = 2 cos 2π(2000)t  + 3 sin 2π(1500)t ,  

 
The frequency components are f1 = 2000 Hz and f2 = 
1500 Hz. 
 
The highest frequency component and that is 2000 Hz, 
therefore the sampling frequency, fs should be: 
Fs = 2 Fmax = 2(2000) Hz  
    =  4000 Hz 
Suppose the Nyquist criterion isn’t met, the signal will 
be aliased. From the term itself, aliasing may cause 
changes of how frequencies may appear. Low 
frequencies may appear as high and high frequencies 
may appear as low. 
 
C. Analog to digital converter (ADC) 
ADC is a device that converts the analog (continuous-
time) signal to discrete-time (signal), a process called 
sampling. The discrete value that will be representing 
the values of the signal with respect to time is 
referred to as sample.  The band-limited signal 
obtained is both discrete in time and in amplitude. 
The samples are represented a series of 0’s and 1’s 
which are values based on the gradation of the ADC, 
is the form understandable by the computer or 
processor. 
 
D. Processor 
Processor (or digital signal processor) is the heart of 
the DSP system. It is often represented by a special 
type of digital computer that uses algorithms to 
perform the task. In many cases, processing involves 
removal of noise (i.e. noise in communication lines), 
enhancement of features (i.e. adjustment of color in 
images), and even transforming a signal to a different 
form (i.e. ultrasound images).  
 
E. Digital to analog converter (DAC) 
From the series of 0s and 1s, DAC will return the 
continuous form of the signal by rounding off the 
value of its discrete-time representation. This process 
is called quantization. There may be some 
(quantization) error present due to rounding of values 
however, depending on the resolution defined by the 
DAC (also of ADC), the error could be minimal and 
unnoticeable if the resolution is high. Generally, this 
stage is referred to as the reconstruction stage.  
 
F. Reconstruction filter 
This filter assures that the signal coming out of the 
system is free from the frequency components which 
are beyond the required. A reconstruction filter is a 
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must in converting real-world information into digital 
form. 
G. Analog output 
This is the signal as the result of the processing. Its 
characteristics should come out as designed in the 
processor.  Note that DACs are not required to all 
real-world DSP applications that do not require DAC, 
such as data acquisition and digital information 
display, speech recognition, data encoding, and so on. 
Similarly, DSP applications that need no ADC 
include CD players, text-to-speech synthesis, and 
digital tone generators, among others [9]. 
 
V. DIGITAL AUDIO SIGNAL PROCESSING 
 
Digital audio signal processing is the area of DSP 
which performs tasks specifically on audio signal. 
Using the stages given in DSP, the digital signal 
processing scheme for audio signals, make use of 
filtering methods both in time domain and in 
frequency domain.  
In time-domain, signals are first converted from 
continuous-time to discrete-time, allowing the signal 
to take discrete values for both time and amplitude.  
The sampling rate of an audio signal must be 40 kHz 
and above, following the Nyquist criterion that a 
signal must be sampled twice the highest frequency 
component to be properly reconstructed [10]. The 
audible range of frequencies is from 20 Hz to 20 kHz, 
the highest frequency component is 20 kHz thus, the 
40 kHz above sampling frequency. The compact disc 
technologies adapted this and the result of proper 
reconstruction is evident with the audio CD quality. 
 
In most cases, audio signals are processed in the 
processor using discrete-time signals which are 
represented in frequency domain. Spectral sound 
equalization is one of the most important methods for 
processing audio signals. This involves filtering 
techniques such as low pass, high pass, band reject, 
bandpass, and shelving. This method allows 
frequency boost, cut or pass according to 
specification.  
 
VI. AUDIO PROCESSING FOR RECOVERING 
SOUND FROM VINTAGE FILMS 
 
Recovering audio from old films so it may sound 
more like the quality of music we have today may 
require several techniques.  Filtering systems are 
designed based on the nature of the input signal and 
the desired output signal.  In the case of audio from 
vintage films, sound from movies during those times 
were similar to the sound from an AM radio or a 
telephone receiver- the quality of the signal is 
somewhat diminished due to a loss of brightness, 
naturalness and timbre. They also contain noise. The 
recorded sound contains hissing, popping and 
clicking noise which may be due to the mechanical 
and ambient noise. Signals with these conditions can 

be improved by digital audio signal processing. Noise 
reduction techniques can also improve the audio 
signal to free the signal from random noise which 
may have cause distortion to the sound. There are 
methods nowadays that utilizes the features of low 
frequency signals to predict the ones of high 
frequency signals based on statistical correlation 
between high and low frequency signals, so as to 
reconstruct the lost high frequency signals [10] 
 
VII. METHOD FOR PRODUCING VINTAGE 
EFFECT 
 
Post-processing of audio used in movies, particularly 
giving a quality that will produce a vintage vibe 
would be presented in this project as the inverse 
method of digital audio signal processing- from a CD 
quality to a vintage film-sounding signal. The 
technique termed in this project as the vintage film 
audio effect consist of three stages: high shelving, 
sampling rate reduction and noise corruption. This 
technique was designed and implemented using 
MATLAB.  
 
MATLAB is software which makes signal processing 
possible by using codes, built-in functions and tools. 
A visualization tool called the Signal Analyzer in the 
Signal Processing Toolbox 7.5 allows signals to be 
analyzed both in time-domain and frequency-domain.  
Original audio files were compared with their 
modified versions and the respective graphs were 
used to determine the effects of the filter. 
 
A. Input Audio Signal 
The original audio signal under test is a cover of the 
song “Can’t Help Falling in Love” by Haley 
Reinhart. 
 
Type of file: wave file 
Sampling rate: 44.1 kHz 
Bit rate: 705 kbps 
Length: 33 seconds 
 
The file was extracted in a video with an mp4 file 
format  [11]. For convenience and demonstration 
purposes, it was converted to monophonic wave 
format with 44.1 kHz sampling frequency using 
Audacity. 
 
B. High Shelving 
Besides the purely band-limiting like low-pass and 
high-pass filter, shelving are used to perform boost or 
cut of certain frequencies [12]. In this project, second 
order high shelving was used.  
The second order high shelving is equal to the gain G 
times the reciprocal of the second order low shelving 
filter [2]. 
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where Ω = tan( ωc/2)  
 
The gain is the amount by which the high shelved 
frequencies will be boosted or attenuated. The slope 
determines how quickly the filter will attenuate 
certain frequencies; and the cut off frequency, Fc so 
low frequencies will be boosted while cutting signals 
above Fc [13] [15] [16]. This stage was considered to 
be the counterpart of the digital audio signal 
processor. In the case of reconstruction in DSP, all 
frequencies in the audio spectrum can be processed. 
But in the case of the vintage music, high frequencies 
may not be present in the spectrum.   
 
According to the research on human auditory 
features, human ears are more sensitivity to low 
frequency signals than high frequency signals in the 
auditory area. And the main information of speech 
signals is embodied in low frequency signals below 4 
kHz [10]. 
Utilizing MATLAB’s high shelving tools, three 
parameters are required: the gain, G; the cut off 
frequency, Fc; and the slope. 
 
C. Down-sampling  
Down-sampling (or sampling rate reduction) is a 
process of limiting a signal by the number of total 
samples (similar to sampling an analog signal), 
aliasing becomes a problem [14]. The original 
sampling frequency of 44.1 kHz while modified 
audio signal with vintage effect will have a sampling 
rate of 8 kHz. 
The sampling rates of all the early speech encoders 
are never higher than 8 kHz, and all the generated 
signals are narrow-band speech signals [10].  
 
MATLAB’s resample command  was utilized to 
down-sample a signal by using parameters such as the 
old and new sampling frequency. 
 
D. Noise corruption 
In situations where audio signals were not guarded 
with filters, they tend to contain high frequency noise 
during recording.  
 
A noisy signal was synthesized utilizing MATLAB’s 
generation of random noise. The output was the result 
of additive synthesis of the noise and the down-
sampled audio. 
    
E. Output Signal (Vintage Film Audio) 
The output has a new sampling frequency of 8 kHz 
sampling, consequently, all  frequencies below half of 
it, which is 4 kHz were attenuated as shown in Fig. 2.  
 

 
Fig. 2. The vintage film audio effect scheme 

 

Note that at the stages of reconstruction filter and 
DAC, the quality of the signal is most likely the ideal 
quality that’s why it doesn’t have a counterpart in this 
technique. 
 
VIII. RESULT 
 
Both the time and frequency of the original audio 
signal is shown in Fig. 3. The time domain shows the 
waveform of the signal – a function of amplitude with 
respect to time. The spectrogram was used to 
represent the power of the signal by showing the 
energy of the signal with respect to both the time and 
frequency. 
 

 
Fig. 3. Time domain and spectrogram representation of the 

original audio signal. 
 
If the initial sampling rate of the signal was changed 
by simple conversion of format without altering the 
signal, there would be no significant change would be 
observed. Sampling doesn’t reconstruct the high 
frequency losses in the signal. Digital audio signal 
processing must be performed to reconstruct the lost 
high frequency signals like the statistical correlation 
between high and low frequency signals. 
It is however still qualified to become the signal 
under test since high frequency components were still 
present in the signal. 
 
In the case of the vintage film audio, the cut off 
frequency of the high shelf which was hard-coded in 
MATLAB script was 4 kHz, based on the 8 kHz 
sampling frequency. 
 
Using the following settings: 
 
Gain = 3 dB; 
Slope = 0.8; 
Cut-off frequency = 4 kHz; 
 
Since the vintage film audio was composed of 
frequencies within cut-off, the high shelving boosted 
these frequencies. The waveform of the vintage film 
audio was perceptively similar to the original signal; 
however the spectrogram showed energy within the 
cut-off frequencies, as shown in Fig. 4,  
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Fig. 4. Time domain and frequency domain representation of 

the original audio with vintage film audio effect. 
 
In Fig. 5, the values of the slope were assigned as 
slope = 0.4, 0.6 and 0.8, respectively. As the slope 
increases, the filter attenuates the signal faster. 

 
Fig. 5. The magnitude and phase response of the vintage film 
audio filter with assigned slope (from left to right) of slope = 

0.4, 0.6 and 0.8. 
 
In a similar way, the location of the poles 
characterizes the magnitude response of the filter as 
shown in Fig.6. Poles in the left side of the z-plane 
generally describe a low pass filter. Filters with poles 
which are close to the each other and zeros that were 
relatively distant indicate amplification, as 
represented by the gain. As the poles move farther 
from each other, notice that the magnitude was also 
suppressed.  
 

 
Fig.6. Visualization of the vintage film audio filter using poles 

and zeros in the complex plane with assigned slope (from left to 
right) of slope = 0.4, 0.6 and 0.8. 

 
The original audio signal was transformed to a 
vintage film audio through the vintage film audio 
effect implemented using high shelving, sampling 
techniques and audio synthesis.  
 
The vintage film audio effect may also simulate the 
low bit rate coding since the concept also implies the 
retention of the most perceptual aspect of speech 
signals.  This can be implemented as sound effects in 
audio post production.   
Creating old phonographs playback may also utilize 
the vintage film audio effect along with synthesis of 
popping sound as a result of discontinuity in the 
mechanical structure of the player. Further studies to 

simulate a recording room in the past may also be 
used to extend this project by gathering data that 
would describe how recording studios in the classical 
Hollywood era were designed.  
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