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Digital Filter Design for the DSD Encoder with Multi-rate PCM Input

525 Ada”
(Dong-Wook Moon, Lark-Kyo Kim)

Abstract — The DSD(Direct Stream Digital) encoder, which is a standard for SACD(Super Audio Compact Disc)
proposed by Sony and philips, use 1 bit representation with a sampling frequency of 2.8224 MHz (64 x 44.1 kHz). For
multi-rate PCM (Pulse Code Modulation) input like as 48/96/192 kHz, a external sample-rate converter is necessary to
the DSD encoder. This paper has been proposed a digital filter structure composed of sample-rate converter and inter-
polaton filter for the DSD encoder with multi-rate (48/96/192 kHz) PCM input. without a external sample-rate converter.
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