
SLHS 1301 Study Guide  

Chapter 9: Digital Processing of Speech Signals 

 
1. What is “The Digital Age”? What does digital mean?  
 
“The Digital Age” refers to the time period in the history of civilization (starting in the 1950s) 
in which information is recorded and processed using digital devices. Digital here means 
representation of information by using numbers or numerals. 
 
2. Give some examples of digital devices. What makes them special? For example, how does 

a digital camera differ from a film camera? 
 
Examples: digital phone, digital clock, digital radio, CD, DVD, digital camcorder, ipod, PDA, 
scanner, GPS system, voice recognition system, MP3 players, laptop computers,… 
 
They are special in the sense that they all use numbers to represent the information (audio, 
video, etc.). Digital cameras decompose and encode the colors and shapes in pixels using 
numbers. Film cameras use lighting effects directly printed on the analog negative film which 
has sensitive chemicals in response to light.  
 
3. Why is digital representation of information important? 
 
Because digital representation completely changed the way we live our lives. Its importance 
lies in the precision, reliability, speed, low cost, and small size of electronic systems that 
perform digital manipulations.  
 
4. What is a digital signal processor (DSP)? What kind of mathematical computation does it 

do to process speech and audio signal? 
 
DSPs are special purpose Very Large Scale Integrated Circuit (VLSC) devices designed to 
process audiovisual and electromagnetic signals. The mathematical methods include 
amplification, filtering, spectrum analysis, automatic synthesis and recognition. The DSPs 
typically perform hundreds of millions of operations per second. 
 
5. What is sampling? What is sampling rate? What does the Sampling Theorem say about 

sampling? 
 
Sampling is a mathematical selection of data points in the signal periodically in time. Sampling 
rate is also known as sampling frequency, i.e., the number of samples per second.  
The Sampling Theorem states that the digitized samples must be taken such that Fs ≥ 2 Fn (Fs 
= sapling frequency; and Fn = Nyquist frequency, which refers to the highest frequency 
component in the signal. If the Fs < 2 Fn, the sampling data points are not sufficent to 
reconstruct the frequency components in the signal faithfully. In this situation, addition of 
erroneous components to the signal during reconstruction may happen. This is known as 
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aliasing. 
 
6. What is meant by “real time” processing?  
 
“Real time” processing refers to nearly no time lag in processing and representing the 
information of a complicated system (such as tracking neural processing of speech in the brain 
or automatic translation of speech from one language into another as the sentences are 
spoken). “Real time” technology requires special computer architecture such as parallel 
processing to do fast-speed operations.  
 
7. What does a digital filter do the signal?  
 
A digital filter limits the frequency range of the signal for analysis or further processing.  
 
8. What is spectrogram? What can it be used for? What mathematical technique does it rely 

on?  
 
A spectrogram is a plot of frequency components in the signal as a function of time. In the 
spectrogram, the relative amplitudes of the frequency components are expressed in varying 
degrees of shaded darkness – the darker, the more energy it represents. It is used for analyzing 
the speech and nonspeech sounds in terms of their spectral and temporal features. The 
mathematical techniques involve Fast Fourier Transform (FFT) for spectral analysis over a 
very small time interval of the signal. Linear Predictive Coding (LPC) is also used for efficient 
computation of the spectral analysis based on the continuity and predictability of variations in 
the signal.  
 
9. Suppose that you have been selected to be one of the three finalists on a real-life TV show 

for a billion-dollar-prize competition. You are required to come up with some innovative 
ideas for the greatest invention of the next millennium that uses digital spectrum analysis. 
What would be your proposal?    

 
??? a billion-dollar secret. ☺ 
 
True or False: 
 
10. Digital signals are always better than analog signals. 
 
F.  
 
11. Quantization error refers to the difference between the digital signal and the sample values 
in digital processing. 
 
T.  
 
12. One goal of speech coding and speech compression is to achieve high quality sound and 
music at higher sampling rates and with more bits more sample in order to improve the quality 
and fidelity of the recordings.  
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F.  
 
13. Human speech has almost no frequency components above 7 kHz. Therefore, digitization 
of speech signals needs a sampling rate of at least 14 kHz for high quality recording.  
 
T.  
 
14. Telephones typically use a bandwidth of only 3.2 kHz. Since human speech has a 
bandwidth of approximately 7 kHz, at least 50% of telephone speech is unintelligible.  
 
F.  
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