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Audio Feature Analysis



Perception of Sound 

● Amplitude

● Frequency

● Envelope

● Duration

● Spectrum

● Loudness

● Pitch

● Timbre



Traditional Audio Features in “Machine Hearing”

● Loudness
○ RMS

○ Spectrogram 

● Pitch
○ Fundamental frequency (F0) → handled in the “pitch estimation” topic

○ Chroma 

● Timbre

○ Spectral statistics

○ MFCC



Root-Mean-Square (RMS)

● Frame-level sound intensity

○ Time-domain (power): 

○ Frequency-domain (power spectrogram): 

○ Produce an amplitude envelope

RMS 𝑙 =
1

𝑁
σ𝑚=0
𝑁−1 (𝑥 𝑚 − 𝑙 ∙ 𝑅 𝑤[𝑛])2 

𝑁: window size
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RMS 𝑙 =
1

𝑁
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Piano (single note) Flute (single note)



Loudness Perception

● Subjective perception of sound intensity (the squared amplitude)

● Weber’s law: ∆𝐼 ∝ 𝐼 
○ Just Noticeable Difference (JND) of intensity (∆𝐼) is proportional to the 

intensity (𝐼) at the moment

○ An exponential function satisfies this rule → log(𝐼) becomes linear

log(𝐼)

Loudness

sound intensity
https://en.wikipedia.org/wiki/Weber-Fechner_law 

https://en.wikipedia.org/wiki/
https://en.wikipedia.org/wiki/Weber%E2%80%93Fechner_law
https://en.wikipedia.org/wiki/Weber-Fechner_law
https://en.wikipedia.org/wiki/Weber-Fechner_law


Loudness Perception

● Sound Pressure Level (SPL)
○ Physically measured sound intensity

○ Decibel scale (dBSPL)
■ 20log10 Τ𝑃 𝑃0 = 10log10 Τ𝐼 𝐼0
■ The softest audible level: 𝑃0 = 2 × 10−5 Τ𝑁 𝑚2

Source: http://www.audioholics.com/home-theater-connection/basic-home-theater-setup-guide/splmeter500x332.jpg/image_view_fullscreen
Source: http://www.bksv.com/doc/sve/7.%20Audiology%20(0210).pdf

SPL meter

vibration using instruments that fulfil 

the requirements of the standards.  

The vibrational characteristics are de-

scribed by frequency, amplitude and 

acceleration. As with noise, logarithms 
are used to indicate the magnitude of 

vibrations. The units are the same deci-

bels (dB). This is by Weber-Fechner's 

Law that states "the sensation is pro-

portional to the logarithm of the stimu-
lus." 

 

Human Modelling 

Human ear simulators are primarily 

intended for frequency response, sensi-
tivity and distortion measurements on 

earphones coupled to the ear by ear 

inserts such as tubes, ear moulds or ear 

tips, for example, as used in hearing 

aids and operator headsets. The main 
ear canal volume is of a similar shape 

and volume to that of the actual human 
ear and provides similar acoustic imped-

ance to the insert earphone being 

tested. 

Other simulators are mannequins with 

built-in ear and mouth simulators which 
provide realistic reproduction of the 

acoustic properties of an average adult 

human head and torso. They are used 

to perform in-situ electro-acoustic tests 

on audio-devices like telephone hand-
sets, headsets, audio conference de-

vices, microphones, headphones, hear-

ing aids and hearing protectors. 

More advanced simulators have been 

designed for the calibration of bone 

conduction hearing aids and bone vibra-

tors used in audiometry. They simulate 

the mechanical characteristics of the 

human mastoid, the portion of the tem-

poral bone, which encloses the middle 

ear and forms the outer wall of the in-

ner ear. They provide a mechanical 

simulation of the human head, incorpo-

rating a built-in force transducer to 

monitor the output of the device to be 

calibrated.  

 

Hearing Level (dBHL) 

The hearing level can be defined as the 

measure of the status of hearing as 

read directly on the hearing loss scale of 

an audiometer. It is described in deci-

bels as a deviation from a standard 

value for zero on the audiometer. Hear-

ing loss is measured in decibels hearing 

level (dBHL). A person who can hear 
sounds across a range of frequencies at 

0 to 20dB is considered to have normal 

hearing. The level at which a person 

cannot hear a sound of a certain fre-

quency is known as their threshold. 

Hearing of speech is considered to be 

impaired when the hearing level is 

shifted 25 dB or more, averaged over 

the 500, 1000 and 2000 Hz frequencies 

(the region most critical in speech per-

ception). The total impairment level is 

1.5 times greater than that for speech. 

 
Reference Equivalent Threshold 

Sound Pressure Level (RETSPL) 

The RETSPL values are intended for the 

calibration of audiometers using pure 

tones of fixed frequencies at the pre-
ferred frequencies in one-third octave 

steps or pure-tone audiometers with a 

continuously variable frequency. 

In calibration, the sound pressure level 

at the test point, which corresponds to 

the listener’s threshold, is found.  These 

threshold values are called the refer-

ence equivalent threshold sound pres-
sure level (RETSPL).  RETSPL are re-

quired to calibrate the sound field.  The 

audiometer is set to produce the 

RETSPL at the test point when the dial 

reading is zero.  Measurements of a 
subject’s thresholds above the RETSPL 

will be represented using dB HL.  

 

Pure-tone Testing 

Pure-tone tests are used to determine 
hearing sensitivity; the type, degree 

and configuration of hearing loss. This 

measure involves the peripheral and 

central auditory systems. Pure-tone 

thresholds (PTTs) indicate the softest 

sound audible to an individual at least 

50% of the time. Hearing sensitivity is 

 

Brüel & Kjær 5 
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Loudness in Digital Audio

● dBFS (Full Scale)
○ 20log10 𝑅𝑀𝑆

○ 0dB is the maximum → digital level meter

○ The minimum level is set above the quantization noise 

level: -80dB or -60dB is commonly used

  

Apple Logic Pro



Equal-Loudness Curves

● Loudness depends on frequency

(Fletcher and Munson, 1933)
○ 1kH is used as a reference

○ Most sensitive to 2-5 kHz tones 

■ Resonance in the ear canal

○ See the threshold of audibility

■ Dynamic ranges are different

Do your own test: http://newt.phys.unsw.edu.au/jw/hearing.html

http://newt.phys.unsw.edu.au/jw/hearing.html


Perceptual Weighting

● Weighting spectrum based on perceptual sensitivity of loudness
○ Inverse of the equal-loudness curve

○ The choice of weighting depends on the loudness level and the application

○ A-weighting is most commonly used 

https://en.wikipedia.org/wiki/A-weighting 

https://en.wikipedia.org/wiki/A-weighting
https://en.wikipedia.org/wiki/A-weighting
https://en.wikipedia.org/wiki/A-weighting
https://en.wikipedia.org/wiki/A-weighting


Magnitude Scaling in LibROSA

https://librosa.org/doc/latest/core.html#magnitude-scaling 

https://librosa.org/doc/latest/core.html#magnitude-scaling
https://librosa.org/doc/latest/core.html#magnitude-scaling
https://librosa.org/doc/latest/core.html#magnitude-scaling


Chroma

● Musical notes are denoted with a pitch class and an octave number
○ Pitch class: C, C#, D, D#, E, F, F#, G, G#, A, A#, B

○ Octave number: 0, 1, 2, 3, 4, 5, …

○ Example: C4 (middle C), E3, G5

● The octave difference is the most consonant pitch interval

○ Therefore, they belong to the same pitch class 

● This can be represented with “pitch helix”

○ Chroma: inherent circularity of pitch organization

○ Height: naturally increase and have one octave above 

for one rotation 
Pitch Helix and Chroma

(Shepard, 2001) 



Chroma

● Compute the energy distribution of an audio frame on 12 pitch classes

○ Convert the frequency to a musical note (=12log2
𝑓

440
+ 69) and take the 

pitch class from the musical note (e.g. 69→ A4 → A) 

○ Extract tonal characteristics, ideally removing timbre information

● Computation Steps
○ Projecting DFT, CQT, or constant-Q filterbanks onto 12 pitch classes

DFT,CQT, or

Filterbanks

Chroma

Mapping
abs

(magnitude)
ChromaCompression & 

Normalization



Chroma

Spectrogram Chroma

Chroma mapping

(Reconstructed Chroma: Shepard tone)



Applications of Chroma

● Score-Audio Alignment

Score

Performance

Audio

(Chroma)

[FMP book]
Beethoven Symphony No.5



Applications of Chroma

● Chord recognition

Score

Audio

Chroma

Chord

[FMP book]Beatles “Let it be”



Applications of Chroma

● Music structure analysis 

[FMP book]Brahms “Hungarian Dance No. 5”

MFCC

Audio

Chroma

Structure 

Label

Tempogram



Applications of Chroma

● Melody conditioning in music generation models

Music ControlNet: Multiple Time-varying Controls for Music Generation, Shih-Lun Wu et al., IEEE TASLP, 2024



Timbre

● Classify the musical instrument samples into one of the categories
○ 1) organ, 2) guitar, 3) brass 
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Timbre

● Classify the musical instrument samples into one of the categories
○ 1) organ, 2) guitar, 3) brass 



Audio Features that Determine “Timbre” 

● Time envelope: ADSR

● Spectral envelope and its temporal change

● The ratio between tonal and noise-like character 

● Changes of fundamental frequency: expressions such as vibrato

● Inharmonicity: the amount of non-integer partials (e.g., bell, marimba)

SpectrogramADSR



Spectral Statistics

● Summarize a frame of spectrogram (spectrum) into a single value

▪ Spectral Centroid

▪ Spectral bandwidth

▪ Spectral Flatness

▪ Spectral Roll-off

▪ Spectral Skewness

▪ …

See the “Audio Content Analysis” book for more spectral statistics! 



Spectral Centroid

● “Center of mass” of the spectrum
○ Associated with the brightness of sounds

SC(𝑙) =
σ𝑘=0
𝑁−1 𝑓𝑘 ∙ |𝑋 𝑘, 𝑙 |

σ𝑘=0
𝑁−1 |𝑋 𝑘, 𝑙 |

Classical Music Jazz Music

𝑓𝑘 =
𝑘

𝑁
𝑓𝑠



Spectral Bandwidth

● A measure of the bandwidth of the spectrum

SB 𝑙 =
σ𝑘=0
𝑁−1(𝑓𝑘 − SC 𝑙 )2∙ |𝑋 𝑘, 𝑙 |

σ𝑘=0
𝑁−1 |𝑋 𝑘, 𝑙 |

Classical Music Jazz Music



Spectral Flatness

● A measure of the noisiness (or tonality) of the spectrum
○ The ratio between the geometric and arithmetic means

SF 𝑙 =

𝑁
ς𝑘=0
𝑁−1 |𝑋 𝑘, 𝑙 |

1
𝑁
σ𝑘=0
𝑁−1 |𝑋 𝑘, 𝑙 |

Close to 1 for white noise 

(maximum flatness) 

Classical Music Jazz Music



Mel-Frequency Cepstral Coefficient (MFCC)

● Most popularly used audio feature to extract “timbre” 
○ Pitch-invariant: extract the spectrum envelop from an audio frame

○ Standard audio feature in the legacy speech/speaker recognition systems: 

captures phonetic information and speaker information

○ Low-dimensional: typically 13 to 20-dim vectors 



Mel-Frequency Cepstral Coefficient (MFCC)

● Computation steps
○ Mel-spectrum: reduce the dimensionality (40 - 128 bins)

○ Log compression

○ Discrete Cosine Transform (DCT): 

■ A small set of cosine kernels with low frequencies to reduce the dimensionality 

again (typically, 13 – 20 bins)

■ Captures a slowly varying trend of mel-spectrum over frequency which 

corresponds to the spectrum envelope  

DFT
Mel

Filterbank
DCT

Mel-spectrum

abs

(magnitude)

log

compression

Magnitude Spectrum

MFCC



Mel-Frequency Cepstral Coefficient (MFCC)

Magnitude spectrum

(512 bins)

Frequency spectrum 

(mel-scaled, 60 bins)
MFCC

(13 dim)

Reconstructed 

Mel spectrum 

Reconstructed 

Magnitude spectrum

DCT

Inverse

DCT
Inverse

mel

filterbank

Mel

filterbank



Mel-Frequency Cepstral Coefficient (MFCC)

Spectrogram

Mel-frequency

Spectrogram

MFCC

Reconstructed

Spectrogram

from MFCC
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