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ABSTRACT 

Voice signals are encoded with various techniques to exploit communication resources such as source, channel, computation and 
cost of operation. These encoded signals are generally multiplexed with same/different signal type (data, say). At the receiver end, 
after the data and voice signals are discriminated, the voice bit stream has to be passed through the respective decoder in order to 
get meaningful audio. Identification of correct decoder requires a digital voice classifier. The importance of such classification 
before decoding get especially noticed in the cases of design of universal voice decoder where the unknown/unclassified bit stream 
is expected as of one of the codec out of many types of codec. We call the set of all expected decoders as an ensemble. In this 
paper, a concept of operation of digital voice classifier before decoder is proposed .This proposed method is superior to method of 
subjecting a given unclassified bit stream to each of the decoder in a given ensemble. Also, a novel technique called ‘SWOB’ 
(sliding-window on bit stream) is introduced which gives satisfactory results of classification when used along with methods of 
auto correlation(AC) and central second order moment(SOM). Another parameter for crisp classification is also introduced which 
is named as BRO (binary ratio). In all, the (SWOBBRO-SOMAC) algorithm is capable of identifying the digital voice signal 
classes like of PCM-µ/A law, ADPCM 16-, 24-, 32-, 40 kbps. Using same algorithm, option of coarse classification is open on 
signals of other type too. 

 
Keywords: Universal decoder design, classification, analysis. 
 
1. INTRODUCTION 
To get efficient data transmission in communication systems, needed is to use limited channel resources efficiently. So, 
the voice and other signals (data) are multiplexed and transmitted through a single channel. At receiver side, this signal 
is passed through the de-multiplexer [9], [14]. Channel wise, it provides payload to the voice/data discriminator where it 
discriminates between voice and data and send to their respective decoders after identification [2], [6]. One can decode 
the received encoded voice signal only if the information is known about encoding technique used at the transmitter side 
such as PCM-µ/A law, ADPCM 16-, 24-, 32-, 40 kbps [12], [13]. Subsequently it can be passed through its corresponding 
decoder and audio up to the intelligence level can be had. In general this information is present in the bit stream itself in 
the form of headers as indicated by the protocols. But in the cases of loss of headers or non comprehension of the protocol 
used as in unclassified bit stream, or both; the information about codec used has to be extracted out of the bit stream itself. 
We exploit the properties of the encoded bit stream to accomplish this. The Figure 1 shows the signal analysis model used 
at the receiver side. 

 
Figure 1 Signal analysis model at receiver end 

 
If the received bit stream is expected to be decoded out of many decoders in the ensemble, sure shot decoding may be 
observed if the bit stream is subjected to all of the decoders simultaneously. This method has a disadvantage of consuming 
the computational and electrical power resources unnecessarily running on all of the decoders, all of the time of 
operation. So, in order to get efficient operation, there is a need to classify the received voice bit stream before actually 
trying to decode the signal. A digital voice classifier hence is coined as it is useful, in terms of efficiency. Codecs like 
PCM-µ/A law, ADPCM 16-, 24-, 32-, 40 kbps constitutes an ensemble in our case [7], [11]. This paper proposes classifier 
algorithm which is capable of identifying the six (as mentioned above) classes of the voice signal based up on a novel 
technique called 'SWOB'(sliding window on bit stream) technique, amalgamated with three parameters namely AC (auto 
correlation), SOM (central second order moment) and BRO (binary ratio). The short form 'SWOBBRO-SOMAC' is 
indicative of all of the techniques mentioned above [8]. 
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The main contribution of this paper can be summarized as follows: 
 Introduction of the concept of importance of classification before decoding. 
 Introduction of the novel technique with detailed explanation of the classifier algorithm. 
 Explanation about the parameters used in the classifier. 
 Experimental results are presented. 

 
2. CLASSIFIER ALGORITHM 
A digital voice bit stream signal is received from the Voice/Data Discriminator and these bits are processed through 
independent processing operations [5]. One processing operation applies sliding window technique (SWOB) starting from 
any bit in the received bit stream, which will convert group of eight bits into pseudo bytes, starting from that bit. 
Important to note that is these bit streams may contain known and expected protocol information or unclassified protocol 
information or no protocol information at all. But it is irrelevant as the classifier is exploiting the properties of the 
payload in the bit stream. We have assumed that header size is very small as compared to payload size. In other words, 
payload itself contains the information about properties of the expected voice codecs.  Also, header will take its meaning 
only if the position of initial bit is known. This classifier will function even if the bit stream is not byte aligned. These 
bytes are divided into finite sequence of subsequent bytes, which are called as segments (bytes) and calculate central 
second order moment and auto correlation sequence on each segment (bytes). In Second processing operation, the 
received bit stream is divided into finite sequence of subsequent bits, which are called as segments (bits) and processed to 
calculate the binary ratio on each segment of the received bit stream signal. These independent processing operations 
results are given to a decision box and finally it will identify the class of received bit stream signal. We experimented with 
segment length of 20000 bits and observed high accuracy with sufficient response time for classifying the digital voice bit 
stream. 

 
Figure 2 Classifier algorithm 

 
Figure 2 shows the block diagram of the classifier algorithm which is capable of identifying and classifying the digital 
voice bit stream. By incorporating this classification algorithm in the universal decoder design, its performance can be 
improved when it analyses the large number of the unclassified signal. 
 
3. CLASSIFICATION TECHNIQUE AND PARAMETERS 
3.1 'SWOB' Technique: 
This technique is novel technique and it is applied on the received bit stream and it will generate psuedo bytes from the 
group of bits. The mathematical representation of sliding window technique is represented as: 
 

                                                           
    
Where, b(i) is received bit stream, S(i) is the decimal values obtained from the window technique, w is the sliding 
window size and n is the number of received bits. 

 
Figure 3 Process in sliding window Technique  
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The sliding window technique process is shown in figure 3 and as follows: First, choose the size of sliding window and 
calculate the decimal value from the bits present in the window. Second, slide the window by one bit and calculate its 
decimal (byte) equivalent and this process continue for remaining all bits in the received bit stream. In our case of 
analysis, the size of sliding window was taken as eight. After calculating the decimal equivalent values from the sliding 
window technique, then auto correlation sequence and central second order moment are calculated on these decimal 
values in order to classify the digital voice bit stream. 

 

3.2 Autocorrelation Sequence: 
The autocorrelation represents degree of similarity between a given time series and a lagged version of itself over 
successive time intervals [15]. The mathematical expression of the auto correlation sequence of signal x(n) is represented 
as follows [1], [4]: 
 

 
Where,* represents the complex conjugate, k is the lag and R(k) is the auto correlation sequence of the signal. 
Here, we are not performing the complex conjugate computation. So the ACS equation is rewritten as 

 
Where s(i) is the real values generated from the sliding window technique, N is the segment length, and k is the lag to 
compute. In order to reduce the multiplications, we use real ACS rather than complex valued one. 

3.3 SOM Central second order moment: 
Central second order moment measures the width of a set of points in one dimension and measures the shape of a cloud of 
points for higher dimensions [3]. The mathematical representation of central second-order moment of s(i) is given as [1], 
[4]: 

                                         
Where,    

 
Here, s(i) is the real values generated from the sliding window technique and N is the segment length. 
 

3.4 'BRO 'Binary Ratio: 
For the various kinds of codecs, it is observed that the number of lower levels and higher levels in coded bit streams are 
different [10]. So, the binary ratio (BRO) can be used as a parameter in identifying and classifying the digital voice bit 
stream. The BRO is calculated on each segment of digital voice bit stream. It is given as  
 
If b(i)=0;  then ZR=ZR+1. 
If b(i)>0;  then OR=OR+1.  
Then the binary ratio (BRO) is given as BRO=ZR/OR. 
Where, ZR is the number of lower levels in digital bit stream. OR is the number of higher levels in digital bit stream. 
 
4. EXPERIMENTAL RESULTS 
Prior to testing the algorithm, a large body of test signals was generated. The voice signals are recorded using microphone 
and sampled at 8000 samples per second. These samples are stored in int16 format and encoded using standard (ITU-T) 
encoding algorithms. Here six classes of signals are considered: PCM-µ/A law, ADPCM 16-, 24-, 32-, 40 kbps. All the 
testing signals are processed using classifier algorithm and observed that six classes can be discriminated. 

                     
Figure 4 PCM A-law                           Figure 5 PCM µ-law 



International Journal of Application or Innovation in Engineering & Management (IJAIEM) 
Web Site: www.ijaiem.org Email: editor@ijaiem.org, editorijaiem@gmail.com  

Volume 2, Issue 9, September 2013   ISSN 2319 - 4847 
 

Volume 2, Issue 9, September 2013 Page 300 
 

 

                 
Figure 6 ADPCM 16 kbps                                          Figure 7 ADPCM 24 kbps  

 
 

                   
Figure 8 ADPCM 32 kbps                                     Figure 9 ADPCM 40 kbps 

 
Figure 4 illustrates the parameter distribution of PCM µ-law in 3-Dimensional view. It is the plot of AC versus SOM 
versus BRO. These ranges of values are obtained after testing the large set of testing signals and only few values are 
shown in plotting for clarity. Similarly, Figure 5-9 illustrates the parameter distribution of: PCM-µ/A law, ADPCM 16-, 
24-, 32-, 40 kbps in 3-Dimensional view. It is observed that the parameters are different for different class of signals. All 
six classes of signals are differing in at least one of the three parameters. It can be clearly observed in the Figure 10. 

 

 
Figure 10 AC versus SOM versus BRO of all six classes on single plot. 

 
Figure 10 shows the combined plot of all six classes of PCM and ADPCM variants. From this plot we can observe clear 
the discrimination of all six classes of signals. Figure 11 shows the top view of figure 10. These plots are obtained for 
segment length of 20000 bits and the auto correlation was calculated at lag zero.  We had experimented by varying the 
parameters such as segment length, sliding window size, number of bits to be slide in sliding window technique and with 
auto correlation at different lags. But we observed that, the results with combination of segment length of 20000 bits, 
sliding window size as eight, slide of 1-bit in sliding technique and with auto correlation lag at zero are giving 
satisfactory for classifying the various all six codecs. 

 
Figure 11 Top view of all six classes on single plot. 
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Table 1: Threshold values of all six classes for three different parameters 
 AC SOM BRO 
PCM µ-law 19500-26100 0.14-0.25 0.47-0.82 
PCM A-law 24500-35500 0.21-0.35 0.76-1.12 
ADPCM 16kbps 22800-24500 0.48-0.56 1.00-1.09 
ADPCM 24kbps 32900-38000 0.14-0.19 0.45-0.57 
ADPCM 32kbps 26900-31500 0.23-0.29 0.60-0.76 
ADPCM 40kbps 26400-32900 0.27-0.33 0.58-0.80 

 
Based up on the results obtained after analyzing large set of test body the thresholds are obtained for each class are as 
shown in table 1. These thresholds values of each class are stored in the decision box and based up on these thresholds it 
classifies the received bit stream. 
 
5.  CONCLUSION AND FUTURE WORK 
In this paper, we described a digital voice signal classifier that accurately identifies the digital voice bit stream. This 
classifier is capable of classifying six signals: PCM-µ/A law, ADPCM 16-, 24-, 32-, 40 kbps. It will classify the digital 
voice bit stream by just processing 20000 bits of the given bit stream and that too when the bit stream are not 
synchronized i.e. start bit is not identified. Procedurally, for a signal captured, the classifier algorithm calculates all three 
parameters of received signal followed by comparison of threshold values stored in the decision box, it classifies any 
given bit stream. 
This classifier algorithm is more reliable and less complex than the traditional and widely used techniques for unknown 
bit stream identification. The future work can be done on classifying other signal types namely image, video etc. 
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