
Adaptive thresholding method for speech compression using DWT

Synopsis
he compression of speech signals has many practical applications. One example is in digital cellular technology where many users share the same frequency bandwidth. Compression allows more users to share the system than otherwise possible. Another example is in digital voice storage (e.g. answering machines). For a given memory size, compression allows longer messages to be stored than otherwise. 
Historically, digital speech signals are sampled at a rate of 8000 samples/sec. Typically, each sample is represented by 8 bits (using mu-law). This corresponds to an uncompressed rate of 64 kbps (kbits/sec). With current compression techniques (all of which are lossy), it is possible to reduce the rate to 8 kbps with almost no perceptible loss in quality. Further compression is possible at a cost of lower quality. 
 	In this paper a new speech compression method is presented. The traditional speech compression method is based on Adaptive thresholding method. The compression method, proposed in this paper, is based on the use of DWT(discrete wavelet transform, the discrete cosine packets transform. This method is well suited for the speech processing,taking in to account the sine model of this kind of signals. After the computation of the discrete cosine packets transform, the coefcients obtained are processed with a threshold detector, who keeps only the coefcients superior to a given threshold. This way the number of non zero coefcients is reduced doing the compression. The next block of the compression system is the quantization system. This is build following the speech psycho-acoustic model. The proposed compression method is transparent,the compression rate obtained is important and the operations number and the memory volume used are not very high.

