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3.2 Architecture
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Language : Visual C++

PC : IBM compatible
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typedef struct {

unsigned int version:2; /* protocol version */
unsigned int p:1; /* padding flag */
unsigned int x:1; /* header extension flag */
unsigned int cc:4; /* CSRC count */
unsigned int m:1; /* marker bit */
unsigned int pt:7; /* payload type */
u_intl6 seq; /* sequence number */

u_int32 ts; /* timestamp */

u_int32 ssrc;
u_int32 csrc[1];

/* synchronization source */
/* optional CSRC list */

}:
sequence number 16 ,
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PCM, ADPCM, LPC ,
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typedef struct {

rtcp_common common; /* common header */



union {
struct { /* (SR) */
u_int32 ssrc;

u_int32 ntp_sec; /* NTP timestamp */
u_int32 ntp_frac;

u_int32 rtp_ts; /* RTP timestamp */
u_int32 psent; /* packets sent */
u_int32 osent; /* octets sent */
rtcp_rr_t rr[1]; /* variable-length list */

}:
struct { /* (RR) */
u_int32 ssrc; /* generating report */
rtcp_rr_t rr[1]; /* variable-length list */
};
struct { /* BYE */
u_int32 src[1]; /* list of sources */
}:
struct { /* (SDES) */
u_int32 src; /* first SSRC/CSRC */

}1
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rtcp sdes item t item[1]; /*list of SDES*/
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