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Abstract 
The audio signals are needed to be compressed for mass storage, 
digital telephony, and internet based voice transmission. The lossy 
technique used in this paper is IMA ADPCM which reduces the 
bandwidth in voice communication. This paper discusses about 
audio compression of .wav file. The file is compressed ¼ of the size 
of the original file. After compression, the sound quality of the 
audio file is maintained reasonably. SCILAB software model is 
proposed for generating the test vectors from audio file. 
Implementation is done on FPGA as well as on ASIC. It uses the 
verilog as Hardware description language(HDL).  
Keywords: ADPCM, Audio compression, IMA, Verilog. 
 

1.Introduction 
 

Digital audio compression allows the efficient storage and 
transmission of audio data. The various audio compression 
techniques offer different levels of complexity, compressed 
audio quality, and amount of data compression. 
 
Digital Audio Data 
 
The digital representation of audio data offers many 
advantages: high noise immunity, stability, and 
reproducibility. Audio in digital form also allows the efficient 
implementation of many audio processing functions (e.g., 
mixing, filtering, and equalization) through the digital 
computer. 
 
The conversion from the analog to the digital domain begins 
by sampling the audio input in regular, discrete intervals of 
time and quantizing the sampled values into a discrete 
number of evenly spaced levels. The digital audio data 
consists of a sequence of binary values representing the 
number of quantizer levels for each audio sample. The 
method of representing each sample with an independent 
code word is called pulse code modulation (PCM). Fig 1  
shows the digital audio process.  

 
Fig. 1. Digital audio process 

 
 
 
 

 
 
 

2. Adaptive Differential Pulse Code Modulation 
 

Figure below shows a simplified block diagram of an 
Adaptive differential pulse code modulation (ADPCM) 
coder.  For the sake of clarity, the figure omits details such 
as bit-stream formatting, the possible use of side 
information, and the adaptation blocks. The ADPCM coder 
takes advantage of the fact that neighboring audio samples 
are generally similar to each other. Instead of representing 
each audio sample independently as in PCM, an ADPCM 
encoder computes the difference between each audio sample 
and its predicted value and outputs the PCM value of the 
differential. Note that the ADPCM encoder (Figure a) uses 
most of the components of the ADPCM decoder (Figure b) 
to compute the predicted values. 

 
The quantizer output is generally only a (signed) 
representation of the number of quantizer levels. The 
dequantizer reconstructs the value of the quantized sample 
by multiplying the number of quantizer levels by the 
quantizer step size and possibly adding an offset of half a 
step size. Depending on the quantizer implementation, this 
offset may be necessary to center the Dequantized value 
between the quantization thresholds. 
 
The ADPCM coder can adapt to the characteristics of the 
audio signal by changing the step size of either the quantizer 
or the predictor, or by changing both. The method of 
computing the predicted value and the way the predictor and 
the quantizer adapt to the audio signal vary among different 
ADPCM coding systems. Some ADPCM systems require the 
encoder to provide side information with the differential pcm 
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values. This side information can serve two purposes. First, 
in some ADPCM schemes the decoder needs the additional 
information to determine either the predictor or the quantizer 
step size, or both. Second, the data can provide redundant 
contextual information to the decoder to enable recovery 
from errors in the bit stream or to allow random access entry 
into the coded bit stream. 
 

3. Interactive Multimedia Association (IMA) 
 
The following section describes the ADPCM algorithm 
proposed by the Interactive Multimedia Association 
(IMA). This algorithm offers a compression factor of 
(number of  bits per source sample)/4 to 1. Other ADPCM 
audio compression schemes include the CCITT 
Recommendation G.721 (32 kilobits per second compressed 
data rate) and Recommendation G.723 (24 kilobits per 
second compressed data rate) standards and the compact disc 
interactive audio compression algorithm. 
 
The IMA ADPCM Algorithm 
 
 The IMA is a consortium of computer hardware and 
software vendors cooperating to develop a de facto standard 
for computer multimedia data. The IMA’s goal for its audio 
compression proposal was to select a public-domain audio 
compression algorithm able to provide good compressed 
audio quality with good data compression performance.  In 
addition, the algorithm had to be simple enough to enable 
software-only, real-time decompression of stereo, 44.1-kHz-
sampled, audio signals on a 20-megahertz (MHz) 386-class 
computer. The selected ADPCM algorithm not only meets 
these goals, but is also simple enough to enable software-
only, real-time encoding on the same computer. 
 
The simplicity of the IMA ADPCM proposal lies in the 
crudity of its predictor. The predicted value of the audio 
sample is simply the decoded value of the immediately 
previous audio sample. Thus the predictor block in Figure 
above is merely a time-delay element whose output is the 
input delayed by one audio sample interval. Since this 
predictor  is not adaptive, side information is not necessary 
for the reconstruction of the predictor. 
 
Fig. 2 shows a block diagram of the quantization process 
used by the IMA algorithm. The quantizer outputs four bits 
representing the signed magnitude of the number of quantizer 
levels for each input sample. 
 

 
Fig. 2. IMA ADPCM quantization. 

Adaptation to the audio signal takes place only in the 
quantizer block. The quantizer adapts the step size based on 
the current step size and the quantizer output of the 
immediately previous input. This adaptation can be done as a 
sequence of two table lookups. The three bits representing 
the number of quantizer levels serve as an index into the first 
table lookup whose output is an index adjustment for the 
second table lookup. This adjustment is added to a stored 
index value, and the range-limited result is used as the index 
to the second table lookup.  
 
The summed index value is stored for use in the next 
iteration of the step-size adaptation. The output of the second 
table lookup is the new quantizer step size. Note that given a 
starting value for the index into the second table lookup, the 
data used for adaptation is completely deducible from the 
quantizer outputs; side information is not required for the 
quantizer adaptation.  
 
Fig. 3 illustrates a block diagram of the step-size adaptation 
process, and Tables 1 and 2 provide the table lookup 
contents. 

Fig. 3. IMA ADPCM Step-size Adaptation 
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4. Block Diagram of the IMA ADPCM Encoder 

and Decoder to be implemented 
 

In order to implement the IMA ADPCM Encoder and 
Decoder cores onto Xilinx FPGA, the architecture mentioned 
in page 3 and Page 6 are enhanced to give more clarity on the 
bit operations at each level of Encoder and Decoder.  
 
Figures 4 & 5 represent the architecture of IMA ADPCM 
Encoder and IMA ADPCM Decoder respectively. The same 
architecture has been considered in Verilog HDL 
implementation. 
IMA ADPCM Encoder Architecture: 

 

 
 

Fig. 4. Architecture of IMA ADPCM Encoder Core 

IMA ADPCM Decoder Architecture: 
 

 
 

Fig. 5. Architecture of IMA ADPCM Decoder Core 

 
5. Implementation Steps 

 

 
 
 

6. Software and Hardware requirements 
 

1. SCILAB – A free version of MATLAB kind of 
mathematical modeling software 

2. Xilinx Spartan 3AN Evaluation kit for validation 
purpose 

3. Xilinx ISE and Xilinx Chipscope Pro software 
               --For ASIC Design 

4. Cadence Incisive Verilog HDL simulator 
5. Cadence Encounter RTL Compiler 
6. Cadence Encounter RTL to GDSII platform 
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