


Recall from DSP: 



































Calculating the short-time 
spectrum 

• The short-time spectrum can be computed in various ways.  
However, they all involve: 

– Low-pass filtering 

– Analogue-to-Digital (A/D) conversion - convert 
analogue signal into a digital signal 

– Windowing - select a short section of speech 
centred at time t, and smooth its edges 

– Frequency Analysis - estimate distribution of 
power (amplitude) with respect to frequency over 
a time interval centred at t 



Windowing 
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Windowed signal  

s’(n) = w(n)s(n) 
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Frequency Analysis 

• Discrete Fourier Transform (DFT) applied to windowed 
digital waveform {s(n):n=1,…,N}. 

• Assuming N sample window, this results in an N/2 point 
complex spectrum {S(f): f=1,..,N/2}. 

• Take modulus - N/2 point magnitude spectrum {P(f)=|S(f)|: 
f=1,…,N/2}.  (phase  ignored) 

• Take logarithm to compress dynamic range, - log-magnitude 
spectrum {LP(f)=log|S(f)|:f=1,…,N/2}.  

• The log-magnitude spectrum, computed over a short 
window centred at time t, is referred to as the short-time 
(Fourier) spectrum at time t. 



Short-time Fourier Spectrum – 
Example 

• Fs - sampling frequency;           N 
- number of samples in the frame-window 

• The frequency index ‘f’ corresponds to the frequency  
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Why short-time spectrum? 

• The short-time spectrum at time t 
 

– From the perspective of the human speech 
production, it tells us about the shape of the 
vocal tract at time t 
 

– From the perspective of human speech 
perception, we know that a similar analysis is 
performed in the cochlea in the initial stages of 
human speech perception 



Frequency Analysis 

• The use of DFT is not the only way to compute 
a short-time power spectrum 

• Other approaches include: 

– Filter-bank analysis (based on a set of band-pass 
filters) 

and 

– Linear Predictive Coding (LPC-Spectrum) 



Band-pass filter 

• Filters encountered in speech processing typically result 
from, or simulate, physiological processes 

Frequency (Hz) 

Equivalent Rectangular Bandwidth 
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Filter-bank 
• Spectrum can be estimated as a set of outputs from a 

bank of band-pass filters 

• y1,…,yK where yk  is the output of the kth filter  

Frequency (Hz) 



Time - Frequency Resolution 

• Back to the DFT… 

• If the window is long then  

– number of points N in frequency analysis is large  

 the number of points in the spectrum is 
large,  

 fine frequency resolution, poor temporal 
resolution  

– long window  narrow-band frequency analysis 
- narrow-band spectra. 



Time - Frequency Resolution 

• If the window is short then 

– poor frequency resolution, but fine temporal 
resolution 

short window  broad-band frequency analysis 
- broad-band spectra. 

• In summary: 

short window  broad-band frequency analysis 

long window  narrow-band frequency analysis 



Bandwidth for implicit DFT filters 
• The value of the spectrum at a particular 

frequency f  can be thought of as the output of 
a band-pass filter, with bandwidth dependent 
on window type and window size (in seconds) 

 

• If the sample rate is Fs samples per second and 
the window length is N samples, then for a 
Hamming window, the implicit filter 
bandwidth is 4·Fs/N 



Spectrogram 
• Spectrogram (time-frequency representation). Calculation: 

– Move the analysis-window in time (i.e. the signal split into frames) 

– Calculate the short-time spectrum for each frame of the signal 

– Collect into vertical ‘slices’  

• A vertical ‘slice’ through the spectrogram represents distribution of 
power with respect to frequency over a time interval centred at t 



Wide- and Narrow-band Spectrograms 



Wide- and Narrow-band Spectrograms 



Bandwidth of speech signals 

• CD quality speech sampled at 44kHz, giving 
22kHz bandwidth 

• In the case of speech, almost all of the 
relevant information lies below 10kHz, so a 
sample rate of 20kHz gives good quality 

• Restricting the bandwidth to 3.75kHz results 
in intelligible speech, but quality is degraded 

• Intelligibility compromised at bandwidths 
below 3.75kHz  



Speech (22kHz bandwidth) 



Speech (11kHz bandwidth) 



Speech (5.6kHz bandwidth) 



Speech (2.8kHz bandwidth) 






